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Rotating storage devices have traditionally occupied a niche to 
themselves by providing low cost storage of large amounts of data. 
Slow access times always characterize this area of storage. This 
is in contrast to the core and semiconductor memories which feature 
fast access but at high cost. With disk or drum memories, large 
amounts of data can be made readily available to the computer as 
"on line" storage. 

During the past twenty years of disk drive development, the 
cost per stored bit has gone down considerably while the amount of 
stored information per machine has greatly increased. The earliest 
disk drives used 24 inch fixed disk arrays with hydraulic accessing 
mechanisms. These were usually for large size computers. Their 
physical size usually precluded their use with small office 
computers'. 

With the invention of the removable 14 inch disk and disk assemblies 
a new market was opened up providing disk drives to the small 
computer user. These disk packs could be removed and stored at will 
Programs were written to call for a certain pack or packs to be 
installed to complete the job at hand. The concept of a resident 
computer program further increased the use of disk files. 

The capacity of disk files increased with each new technology step. 
In order to permit these technology steps, improvments needed to be 
made to the disk surface finish, the magnetic coating materials, 
the air bearing or air lubricated head construction, the read/write 
head positioning mechanism and associated electronics, including 
the logic family, used to control each machine function and many 



other areas. Each new improvement required finer tolerancing 
of most parts associated with the disk drive mechanisms. 

Higher storage densities are usually achieved by increasing the 
radial track density and the circumferential bit density. 

Increasing the track density has been a problem largely controlled 
by the tolerance build up of the mechanical parts associated 
with the disk drive spindle bearing system and the access mechanism. 
With the invention and successful implementation of a track 
following servo system, further increases in track density were 
possible until the tolerance build up associated with pack inter¬ 
change forced the designers back to the concept of fixed disk 
storage again. By now, the amount of storage per disk drive and 
the present requirement to have all data on line to the computer 
at all times has reduced the need for pack interchange thus making 
possible still further increases in track density. Track densities 

have been increased from about 20 tracks per centimeter to a present 
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value of 189 tracks per centimeter. Developments presently underway 
in track following techniques involve the individual addressed 
head with staggered servo data and read-write data. This may 
eliminate these last barriers and permit removable packs on very 
high density machines.. 

Circumferential bit density increases usually require reductions in 

magnetic head to disk surface spacings. These changes have not come 

' \ 

easily as the finish or flatness of the disk surface must be 
inproved with each decrease. The magnetic oxide coating materials 
must change along with the size and shape of each magnetic oxide 


(• 2 


particle. On early disk dri' 


•)e air be aring formed between 


the magnetic head and the disk surface was controlled by forcing 
c omp ressed air between the two surfaces. An inventive application 
of air lubrication principles pro vided the p resent: self lubricated 
head air bearing. Typical spacings started out at around 12 microns. 
Today the head to disk spacing is around a half micron. The gap 


between the magnetic pole pieces of the head have also been reduced 
to permit closer bit spacing. Values presently used are around 
1 micron. The materials used to make the head pole pieces have 
changed from permalloy to ferrites because of the increased 
frequencies involved in record and read back functions. 

Requirements for increased logic speed have brought their own 
family of improvements. These range from the vacuum tube or valve, 
through transistors to the present specialized integrated circuits. 
Typical data speeds have gone from 1 bit per 100 microseconds to a 
present 1 bit in one tenth of a microsecond. Storage capacities 
have changed from one million bytes per machine to over 300 million. 
These rapid improvements and increases in capacity will continue 
for at least another decade. There are designs on the drawing 
boards of several manufacturers that will permit a four to eight 
fold increase in capacity within the next two years with no real 
end in sight. For each limiting factor new technologies have been 
invented.. For example, as track densities increase, the width of 
a track decreases. The head materials presently used have a grain 
size equal to the track width of the next generation disk drives. 
Already-many firms are working on thin film heads. These heads 
are made by depositing thin films of magnetic metals or alloys to 
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dimensions far smaller than the grain size of the best ferrites. 

The disk coating materials, which presently Consist of tiny 

particles of ferric oxide bonded in an eposqr resin layer of about 

one micron thickness, will be replaced with thin films vacuum 

deposited on the disk at thicknesses approaching 50 thousandths of 
* 
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a micron or 5 X 10 meters. 

Tremendous improvements have been made in the codes used to transmi 
the data. Error detection and error correction codes permit accura 
data even with disk defects encompassing more than a whole byte of 
data in a record. Concepts have now been developed which permit a 
disk surface defect to be skipped during the write process. Furthe 
improvements in addressing will permit many such defects to be 
transparent to the user. 

The extension of disk drives as low cost, high density storage 
deviceris expected to continue for many years to come. Magnetic 
recording requires low energy per bit to write and takes a short 
time to write. There is a lower l imi t t o the t i me needed t o wri te 
a bit. It is controlled by the domain switching time of the disk 
coating material. Fo r ferric oxide f ilms this is about 50 na no¬ 
seconds or about half the present bit spac ing time. Transmission 
speed is therefore limited to 20 million bits per second. The 
actual density of the recording for both track density and 
circumferential density is limited only by the magnetic domain 
size. This limit will not be reached for many years. 

Competing technologies are electron beam, holographic, semi¬ 
conductor RAM, charge coupled devices, and bubble memories. Of 
these, holographic and thermal electron beam memories are slow 
writers. Certain dyes permit write, read and rewrite capability 


Future 


for holographic memories but most are read only devices. The 
same limitation to read only after an initial write is true of 
thermal electron beam memories. Their usefulness is limited 
to large library storage such as legal cases or court histories 
where the data does not need to change over many years. Bubble 
memories, charge coupled devices, semiconductor-electron beam 
and semiconductor MOS and bipolar RAM will compete and replace 
core memories or fixed head per track machines within the next 
few years but they cannot replace the large capacity disk drive 
without a more than tenfold decrease in cost and a more than 
doubling of the world’s semiconductor capacity. Such is not . 
likely within ten years. 

I suppose this is the hardest part to summarize. Since there is 
easily an eight to tenfold increase in capacity presently 
available within the current technology, one might suppose further 
technological changes might produce another decade increase in 
capacity. The amount of data available in a single disk drive 
could well become 30 thousand million bytes by 1990. T hru put is 
limited to 20 mill ion bits per second or 2.5 million bytes per 
second because of the magnetic dom ain swit ching time limitation . 
This may well equal the best channel acceptance times of the next 
generation of computers. Byte size may be increased which will 
reduce the cycle time per byte. Interleaved by byte records can 
double circumferential density without increasing channel speeds. 
Staging devices may be employed to buffer the disk data and the 
channel. 

Presently a storage control unit is required for a group of drives. 
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This storage control unit has its own microprocessor constructed 
of discrete logic blocks. It is controlled by a resident 
microprogram that performs all the housekeeping functions for a 
large number of drives. Future drives may each have their own 
microprocessor. Each drive may then be tailored to a specific 
storage function by means of its own microprogram. Many tasks 
presently performed'by the controller or even the main computer 
can now be delegated to an integrated drive. Processing of data 
for storage is an easy task for such a drive. Processing the 
data prior to transmittal to the main computer is an easy step, 
particularly if we have individualized disk drives that are 
tailored by a particular microprogram. Combinations of disk drive 
and mass tape systems are currently available. Their future 
usage may well place a company or government in real time control 
of its resources or records. 

Disk drives offer large, non volitile data storage that is 
accessible in miliseconds. It has an advantage of not requiring 
periodic replacement such as tapes. Destruction of data due to 
catastrophic malfunctions such as head crashes have been 
minimized by the use of low mass, light load magnetic heads in 
sealed environments. 

Data storage and retrieval has made possible the present growth 
in computer technology. As the storage capacity of a computer 
installation is increased so is its capacity to handle complex 
programs. Presently there are a few programs developed or being 
developed that require very large data bases. These are mainly 
in the field of simulation, modeling, and pattern analysis. As 
these fields progress in their complexity and capability larger 
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data storage devices will be required. The technology presently 
available can provide storage capacities that cnallenge cur 
ability to manage them. Considerable work is needed in data 
management and programming to provide the type of environment 
needed to handle large data base systems for tomorrows research 
and development. As our data base expands, so do the risks to 
the freedom of individuals caught up in such a network of data 
storage. Responsible governments will, therefore, need to 
guard against such encroachments. 











High Density Disk Drive Technology 

The development of the digital computer has required a 
parallel development of storage devices. Of the many available 
technologies for data storage, magnetic disk drives lend them¬ 
selves to the best solution by providing lew cost, easily 
accessible, non volitile storage. The history of their develop¬ 
ment extends over 20 years first with the drum memories and then 
disk memories. During this period storage capacities have 
increased over a hundredfold while costs have tumbled making 
todays cost per bit the lowest in history. The paper presents 
some of the history of the development of the disk drive by 
outlining the major improvements in technology that have taken 
place. A comparison is provided that compares the various other 
technologies used for data storage and lists some of their 
advantages and disadvantages. 

The trend towards larger data based systems and the storage 
devices needed to handle the storage requirements of the future 
is discussed. Some concepts of future usage couple the now 
popular micro processor with the disk drive which can provide 
a compact intelligent storage device. This power is only hinted 
at in the drive and controller combination which is presently 
in use. The controller portion can be expanded to process much 
of the data before it is passed on to the computer instead of just 
doing housekeeping and sequencing. 
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RECORDING ELECTRONICS 

THE HEAD STRUCTURE \ 

The magnetic head is a modified torroid of magnetically permeable 
material. It is provided with an air gap and a suitably dimensioned window 
around which a coil is wound. The shape may vary with Intended use but 
every attempt is made to keep the structure magnetically efficient. 

The terminology is illustrated in Fig. 1.1. The core has some thickness 
and width. The width defines the track width recorded on some media. The 
throat height is the thickness of the core at the air gap, and the length 
of the gap is referred to as the gap length. 

The coil is usually referred to by the number of turns and whether it is 
centertapped or not. 

The ring structure is the one most used in the literature, particularly 
in writing the equations describing its action or interaction. No attempt 
will be made here to go into this aspect, but it is well described in the 
literature, Hoagland and Karlquist being the earliest authors. 

For our purposes we will be satisfied by looking at the field lines 
and their behavior, as affected by the various mechanical dimensions. The 
magnetic fields produced by current in the windings is mostly developed 
across the higher reluctance of the air gap. The field lines leave the 
higher permeability core surface normal to that surface and seek the 
opposite side, terminating normal to that surface. 
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THE HEAD STRUCTURE 

The field intensity is greatest within the gap and diminishes with 
increasing distance following the inverse square law. As can be seen in 
Fig. 1.2, the field expands out from the gap. It is this portion of the 
field that Is used for writing, the remainder is wasted. Obviously , the 
closer to the gap the media is kept, the more e fficient the Write process. 

This separation then becomes a fundamental parameter in the recording and 

I 

reproduction process. 

In hard disc drives it is referred to as flying height and in tape drives 
as separation. In tape applications where the tape is expected to be kept 
in contact, any separation of the head and media is deterimental. In disc 
drives it is deliberate and is part of the design. This is necessary in 
order to minimize head-media wear expected at the higher velocities used. 

v Other structures that have been used to date include those shown in 

Fig. 1.3. The windings may be either around the core itself or around the 
back bar. This structure has been implemented in ferrite in the IBM 2314, 
and 3330 machi nes. There are two back gaps that are shorter and larger 
in area than the main gap. Here the reluctance is minimized to increase 
efficiency. The Cl structure was used in all the earlier disc machines 
from the IBM Ramac 350 to the 2311. The pole pieces were made of laminated 
Permalloy in order to reduce both core and hysteresis losses. Notice the 
poor back gap contact in Fig. 1.4. This was due to the slight angle neces¬ 
sary to produce the front gap using lapped parts. This head structure was 
later abandoned due to the poor frequency response of the thick laminations 
of the Permalloy. Ferrite afforded improved permeability at higher frequencies 




2.3 


C I struct one 



ft<* (• 3 ftRA^re STftucru&e 
CT/Sn Zll^f ) 33 



PUBLICATION INTENDED. ALL RIGHTS RESERVED. 








THE HEAD STRUCTURE 


PUBLICATION INTENDED. ALL RIGHTS RESERVED. 

rV?\ 






and was therefore used extensively for the next twenty years until grain size 


became comparable to trackwidths. 


IBM announced the Winchester head in its 3340 product in 1974. Its 
structure permitted lower flying heights with less mass and therefore a lower 
loading force with less energy content on contact. Its structure is shown 
in Fig. 1.5. A small C structure is bonded to the face to provide the gap 
and the coil winding window. The two outside rails. A, B, constitute the air 
bearing surface, replacing the large ceramic or barium titanate sliders used 
in the earlier high mass heads. The center rail carries the head C core and 
is machined to the width of the track. There are variations of this slider > 
form using only two rails that carry two head C cores or two thin film heads. 
Sometimes this structure has a machined cavity that produces a low pressure 
area. This low pressure area is balanced against the high pressure area 
under the rails to make a self loading slider that does not require an 
external load force. The earliest heads required an air supply to establish 
the air bearing required to maintain head-disc separation. The development 
of a self lubricated slider removed the requirement for a pressurized air 
supply. These heads were loaded onto a. spinning disc through a cam arrange¬ 
ment with a load of 350 grams. The heads required removal before the disc 
was stopped. With the introduction of the Winchester head, the head load and 
mass were low enough to permit contact start and stop, thus permitting a 
sealed environment. A comparison of the two type s of air bearing is shown in 
Fig. 1.6. The dimensions are exaggerated in order to show the principle. 
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THE HEAD STRUCTURE 

The next head type used is the thin film head, so named because it is 
manufactured using thin film techniques. Here the various parts of a head 
are deposited as films of magnetically permeable materials such as Permalloy, 
conductors such as copper or aluminum, and various insulators. The precision 
of photomasking techniques permit precise trackwidth control to dimensions 
down to the sub micron level. The structure of the thin film head is shown 
in Fig. 1.7 A and B. The actual shape of the various etched deposits varies 
with design. 

The return to a Permalloy core structure is permitted because the core 
losses are greatly reduced. The very thin films permissible by the technique 
reduce these losses significantly. 

In tape drives the core material remained Permalloy for a long time. 

This was due to the relatively Tow tape velocity compared to discs. Recently 
they have moved to ferrite to improve frequency response and head wear. Their 
structure is not unlike that previously given, except that multiple heads are 
sandwiched together to provide the required number of parallel tracks simul¬ 
taneously used. The tape is held in contact by the use of pressure pads and 
guides. Some heads have two cores per track: One specifically for writing 
which has a wide trackwidth and a wide gap length; The second head follows the 
the Write head in tape direction and is constructed with a narrower trackwidth 
and a narrower gap length. This is done to reduce off track positioning errors 
and to improve the Read frequency response. 

Disc heads must, of necessity, be a compromise in gap length, as they are 
used for both reading and writing. Fig. 1.9 shows why only one head is used. 
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DISC/TAPE STRUCTURE 

Magnetic tapes have long been manufactured using a backing material 
usually of plastic, but earlier tapes used paper. Today Mylar is extensively 

- T---» 

used, as it stretches or deforms less. The magnetic material is gamma ferric 
oxide imbedded in a binder and coated onto the surface of the backing uni¬ 
formly. Calendaring, a Memorex invention, was later used to reduce the surface 
roughness and hence head wear. 

Discs are made from an aluminum alloy blank stamped from sheet stock of 
high purity. The blank is then polished such that its flatness is controlled 
within microinches. A mirror finish to within a light bSUid is the result. 

This disc is coated with a slurry of gamma ferric oxide and a suitable binder. ^ 

Down through the years this coating has become thinner and thinner, going 
from about 1 mil to 35u" in twenty year s. Changes in formulation have occurred 
to improve coating hardness, uniformity, coercivity, particle size, particle 
dispersion, and adhesion. 

Gamma f erric oxide has been used extensively due to its fairly square 
hy steresis curve.. This curve relates the B and H fields as functions of the 
intensity (see Fig. 2.1). It is noted that the permeability of the oxide 
changes both from field intensity and from past history. What makes the 
particle so useful is the ease of saturation and the retained B field, Br. 

This is the chacteristic that permits recording. In saturation recording 
the coating is saturated first in one direction and then in the other as a 
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DISC/TAPE STRUCTURE 

function of the data to be recorded. The spacing between flux reversals 
determines linear data density. The linear distance is divided into cells 
to which is assigned a bit of known value, thus on play-back (read) each bit 
is reproduced in its correct cell and the data is recovered. A typical disc 
or tape magnetization pattern is illustrated in Fig. 2.2. The cross section 
is taken longitudinally along the track. The location of the N,-N juxtaposi¬ 
tion or S,-S juxtaposition is referred to as a transition, the center line 
being the exact location of the transition. Since this is the moment at which 
a moving head sees a maximum time rate of change in flux, a voltage is 
developed in the coils surrounding the core as the core gathers the flux, due 
to its higher permeability than the surrounding air. This simplistic explana¬ 
tion will suffice for here. More precise development of the theory is given 
in the literature. 

The surface of discs is polished to the desired flatness in order to 
minimize the head-disc spacing variations. Any variation in flatness is seen 
by the head as an up and down motion as the disc rotates, which excites the 
mass-spring mechanics of the head, causing further head-disc separation and 
possible contact on the negative excursion. Contact has been a problem with 
the high load, high mass head, as the disc is damaged extensively due to the 
energy of contact. Particles are removed which further contaminates the 
air stream under the head, which causes further disturbances and further contact. 
The final effect is called a crash. Crashes have essentially been eliminated 
with the Winchester style slider. Some disc manufacturers delib erately a dd 
alumi na part icles to the coating slurry in order to force a contacting head 
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to rebound from the hard particle. A problem with the alumina is that it is ,.•> 
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non-magnetic and therefore represents a magnetic discontinuity which is read 
by the head as a noise voltage. Size control is required in order to keep 
the top of the particle below the expected position of the head. Contact of 
the Winchester head is deliberate during start-stop operations. The disc 
coating is given a thin coating of a fluorocarbon in order to improve its 
wearability without causing stiction. 

The coating thickness influences the spacing between transitions. Hence 
as the data density has increased, so the coating thickness has reduced. This 
effect is easily seen when one considers that the field required for satura¬ 
tion must emanate from the head gap which reduces as the inverse square of 
the distance from the gap. The further the field must penetrate, the larger 
the initial field; therefore the wider the field lines. If point D on Fig. 2.3 
is 300 Oe or saturation value, then the particle at A is not saturated. But * 

if A is 300 Oe, then D is much higher and its influence extends to E and F, 
thus widening the field or reducing the obtainable density. The height of 
the head is above the media a*$d has the same effect of reducing the potential 
transition density. 
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HEAD CIRCUIT 


In order to write a transition, current must be passed through the coils 
of the head windings first in one direction and then in the other in time 
with the imaginary cells assigned to each bit recorded on the moving disc or 
tape. To see the effects of such current reversal, we need to develop an 
equivalent circuit for the head. We expect it to include resistance due to 
the conductivity of the wire used. It must have inductance due to the turns 
and the core structure materials, we would also expect interwinding and 
wiring capacitance. See Fig. 3.1. This then becomes a simple RLC circuit, 
as illustrated in Fig. 3.2A. The equations for a step current in LaPlace 
form concern the voltage developed across the head windings as well as the 
current through the head windings. 


v (s) = l(sL z. 


(s) 


(3-1) 


= I 
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(LS+R) 
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(3-2) 


= I 
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S + — 
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SC(S 2 +^S+^-) 


(3-3) 


This can be rewritten as (3*4) which is the standard form: 



S + 


SC(S 2 +2TW n S + W n 2 ) 


(3-4) 
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The current through the head winding which produces the flux is simply the 
voltage divided by the R and L of the head. This is not exactly true, since 
the interwinding capacitance plays a role in the true current, but it is 
sufficiently accurate for our purposes. 
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(3-5) 


(3*6) 


(3*7) 


which, when written in the standard form, becomes Eq.(3*8): 

t / W 2 \ 

!M f n \ (3-8) 

S y S 2 + 2sW n S + W n 2 J 


As we examine these equations we see the terms 2cW n and W n 2 are identical for 
both the voltage and the current. The R value is small, being typically only 
a few ohms for low winding heads. The damping factor,?, calculated from the 
algebraic equation 

r = 2?W n or ? =_R_ (3’9) 

L ll oi l.i 


would be small, indicating that both the voltage and current will be exponen- 

tially damped sinusoid instead of a modified square wave, as we would wish._In_ 

order to do this, we must add a resistance either in series or in parallel. 
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The equation becomes (from Fig. 3.2B): 


2i z (s) = 1 m 


R(fe| 

R +“CS 
R(a?t) 


+ LS 


(3.10) 


which reduces to Equation 3.11: 


c(s2 + + DJ ) 


(3.11) 


when written in the standard form it becomes Equation 3.12: 


v (s) - !*$ -_ 

C(S +2 C W n S+W n 2 ) 


(3.12) 


Similarly we develop the current equations as before: 


'(s) = 


LCS(S + 2cW n +.W n 2 ) 


(3.13) 


S(S + 2cW n S + W n 2 ) 


(3.14) 


We heed both equations 3.12 and 3.14 as they describe the voltage swing across 
the head during a a write and the current wave form. With R properly chosen to 
make z, = 1.0 for no overshoot we obtain the case of no ringing in either 

voltage or current. Practice shows that a z, of .95 is best as it improves 
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HEAD CIRCUIT 

the rise time with minimum ringi ng. The actual overshoot is about 3-5% which 
is acceptable. When the current Is measured using a current probe, the ideal 
waveform is not seen. To see why, we must relook at the equivalent circuit, hi 
We see a capacitor and a resistor on both sides of the current probe. The 
equation can be modified and does reflect the true waveform. 


^robefs) = 


Uf VV S* + 2; r W np S + y yl 

s RlVV S 2 + 25 iW nl S + W n iM W„p' 


Where R , W nn , and r, are the parallel equivalents and the terms 
P **P P 

with the subscript 1 are those on the lead side of the probe. 


For reading the damping must be adjusted for a c= 0.7. The reason for this 
is that for current we are talking about a time domain response and for reading 
we are talking about frequency domain response. See Figures 3.3 and 3.4. 

Refering to the current's time domain response and the hysterisis curves 
for the media as shown in Figures 3.6 and 3.5 respectively, we can see the 
magnetic effect of ringing of the write current. The overshoot A, causes 
the media to be pushed further into saturation while the undershoot B, brings 

the media back out of saturation. This is undesirable. 

■ - 

Since the write current cannot change instantaneously, there is a period 
of time during which the media sees less than a saturating field. If the rise 
time of the write current is short compared to the time a media particle travels 
from one edge of the head gap to the other, then that particle is assured of 
leaving the influence of the gap saturated in the new direction. From this 
we can see that the trailing edge of the head gap exerts the final influence 
on the media. 





PUBLICATION INTENDED. ALL RIGHTS RESERVED. 


HEAD CIRCUIT 

Figure 3.7 shows the positional relationship of a particle of oxide as it { 
travels within the gap and the field strength it sees at each position. 

Clearly current curve 1 takes the particle from -M to +M within the distance 
of the gap travel; whereas, with current curve 2 the particle is well outside 
the gap before +M level is reached at the trailing edge. This indicates that 
the particle will not be saturated and will therefore retain old information. 

The saturation is not quite this bad as the write current is usually greater than 
required for saturation. Similarly a particle at the gap center at the start 
of the transaction remains saturated at -M as the field when crossing the 
trailing edge is nearly zero. 

Magnetically the head circuit can be described by a reluctance diagram. 

(Fig. 3.8). In the construction of the head these reluctances must be con¬ 
sidered. The core leg and back gap "reluctances total must be small compared ( 

to the front or working gap. 

When writing the front gap should be wide in order to assure complete 
saturation during current rise time. Its reluctance will therefore be greatest 
as desired. However, in its construction the core area is considerably reduced 
at the throat in order to maximize the external field as shown in cross section 
in Fig. 3.9. The reluctance which is a function of cross section will be 
increased, hence the field strength in the area is increased thereby creating 
the possibility of pole tip saturation. Pole tip saturation effectively widens 
the gap as that portion saturated has a yof 1 like air. 
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In sunwary, the field strength seen by the media depends on the current 
value, the ratio of reluctances, the f lying height or spacing, and the coating 
thickness . The design of the head must therefore accommodate all these when 
attempting to maximise the lineal transition density. Also the head inductance 
increases with the square of the turns, whereas the output voltage only increases 
as a direct function of turns. Trying to compromise output and rise time becomes 
difficult because of the inductance. 
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In Inductive heads which are the only ones considered so far, the read 

back performance of the head is direct ly rele ated to the velocity of the 

recorded transition, the^ numbe r of t urns on the core, and the efficiency of 

the flux gathering paths. The instantaneous read back voltage is then pro- 
. d dT 

portional to KN The flux resulting from a transition is complex having 
field lines changing in slope from some positive value to some negative value 
or visa versa over some distance. The work of Karlquist and Hoagland's studies 
have provided the basis for these interactions with considerable work done 
by others following. It is not the purpose here to detail the derivations, 
but we will use their results. 


KARLQUIST 

r- . 

trftf Hx ( x,y ) = ^ig / tan _1 (^~y + tan* 1 ( 

V. O 


g/ ?.—-X 

y 


L ) 


(4.1) 


^ zl f (9/2 + x) + (a?) 

Hy (x,y) = 2 irg In (g/2 . x)2+ *) ' 

These two equations show that there is both a horizontal x component 
as well as a y component of flux. Where g is the gap length, x and y are the 
component vectors. 


y li C 


Most authors have neglected the y component for simplification by assuming 
a thin media;-however, there are features of the read back pulse that can only 
be predicted by using the y component. 
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The idealized thin media pulse is given by: 


e (x) 


: Kyv, 


(x - x) Hx(x)dx - (M x*Hx) x 


where * is the convolution. 


There are several other derivations that should be looked at besides the 
arctangent equations. Others have used the Gausian, Lorentzian and modified 
Lorentzian versions. We will use the results of their work here, but will 
not go into the magnetics nor derive the equations. Our purposes will be 
filled as we understand the effect of the various parameters of the head on 
the read back and writing process. 


As expected the center of the transition is the point of the maximum 
time rate of change of the recorded flux; therefore, the read back voltage 
will be a maximum trailing off on either side. We will use the Gausian or 
bell shaped curve for understanding as shown in Figure 4.(. We refer to this 
pulse as an isolated pulse. Hoagland and others have shown that linear super¬ 
position holds for this pulse. Therefore as we record positive and negative 
transitions alternately on the disc the resulting waveform will be a train 
of positive and negative pulses of the general shape shown in Figure 4.1. 

As these pulses are crowded together we can use superposition in order to 
predict the resulting waveform or interaction. 


In Figure 4.2A the peaks of the two pulses do not interface, but there is 
interference between them. The resultant waveform remains nearly the same in 
peak-to-peak amplitude, but does not return to the base line between them. In 
Figure 4.2B the spacing is closer. Here the pulses interact strongly, influencing 
both amplitude and peak position. Note the reduction in amplitude of the resultant 
peaks and also the shift in position of the peaks compared to the original. 

Since a train of data is time dependent as to its value in a data stream, this 

shift becomes significant. We refer to the shift as bit shift or peak shift 
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and It results strictly from pulse interaction. 

If we were to test the peak amplitude of the read back waveform as a 
function of transition spacing or transition density, then we get what is 
called a transition or bit density curve. This is shown in Figure 4.3. 

Each head and disc combination has its own curve depending on their 
many parameters. Bit shift or transition shift can also be similarly plotted 
on the same graph coordinates. The extension of the amplitude curve relates 
to the wavelength of the transition spacing and the gap length. If the gap 
field includes two transitions the net flux is zero, hence a maximum at B 
in Figure 4.3. The head disc parameters are gap length, throat height, flying 
height or spacing, media coating thickness, media coercitivity and remenance, 
and head core reluctance. Amplitude is affected by throat height, head 
spacing, coating thickness and remenance particularly in the flat or non¬ 
interacting portion of the curve. The point at which the roll off occurs is 
affected by gap length, flying height, coating thickness and media coercitivity. 

From the above it can be seen that some parameters affect both amplitude 
and roll off. Generally speaking, if we want to increase transition density 
we need to fly closer, use thinner media of higher coercive force and use a 
narrow gap head. All this shows up in the equations for PW 50 or the h voltage 
pulse width of the isolated pulse as shown back in Figure 4.1. 

There is an equation that has been derived to express the PW 50 in terms 
of distance. 
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PW 5 0 


^ g 2 + 4 (d + a + 6 )(d + a) 


Where g = gap length <*//•" 

d = head media separation /v /*" 
8 = media thickness /v /»' 
a = transition length 4 *' 



The transition length has been expressed as 'a' for NjZ n ferrite heads. 


3 = 2 ( Hc^Kd ' (4-4) 

No mention is made of the field spreading effects of finite rise time 
nor of the core reluctance and permetivity. Kd is an empirical number equal to 
0.75 for particulate media and about 0.9 for thin metal films. The equation 
does not hold too well for MnZn ferrite heads. A possible explanation is that 
NIZn heads usually have a magnetic dead layer therefore flying height is 
incorrect as is possibly the gap length. If it were perfectly annealed, the 
equation for 'a' might be in error due to Kd not counting the effect of finite 
rise time. 


If we observed an isolated pulse on.an oscilloscope, we would see a slight 
asymmetry and a trailing undershoot. Going back to the earlier Karlquist 
equation, we can see that there is predicted a y component. It is this y 
component that causes the asymmetry as illustrated in Figure 4.4. 

This distortion must be considered when predicting bit shift and amplitude 
using superposition. It is presently done by entering points on the curve into a 
computer and having the computer do the work to generate the transition density 
curve. A general density curve can be drawn relating amplitude to Transition 
Spacing/PW50. 
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SATURATION CURVE 

If the amplitude of the read back signal were plotted as a function 
of the write current amplitude or given transition density, we get a new 
curve called a saturation curve. As the value of current is increased, we 
would expect the read back amplitude to increase as it would in a linear 
system. However, as we approach saturation in the media the amplitude levels 
off and remains steady for increasing amplitude. If the media is thick, the 
saturation curve rolls off instead of remaining flat with increasing current. 

To understand why this is so, consider Hoagland's terminology of near 
field and far field. The near field is defined as the field within one gap 
length from the gap center as shown as point A in Figure 4.5. Point B is in 
what is called the far field. 

It can be shown that for a head disc interface where the combination of 
flying height and coating thickness is equal to or less than the gap length 
the saturation curve remains essentially flat for increasing current provided 
the pole tip is not saturated. If the furthest particle of the media 
is further away from the gap than one gap length then the total effect is to 
broaden the transition width which reduces the amplitude the same as if the 
PW50 were increased which is exactly what happens. This was explained in 
Figure 2.3. The resultant saturation curve looks like that of Figure 4.6. 

As expected from the transition density curve earlier discussed, the 
amplitude for higher transition densities is reduced by superposition. 

A saturation curve may be drawn for each density; therefore a typical 
saturation curve is a multiple curve showing at least the minimum aad maximum 
density curves for the prepared recording system. Note that as in Figure 4.7 
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the current of saturation for each density is different indicating that 
saturation is also a function of transition density. The usual transition 
density curve can be taken at a single current value or it can be plotted 
using the minimum saturation current level for each transition density. To 
optimize a system it is profitable to choose the current value that best 
overwrites old information. It should also be noted that if the recording 
involves the far field, the slope of roll off increases with increasing 
density. This is shown in Figure 4.8. This roll off can be expected from 
the field spreading effect of the particle in the far field vs. the recorded 
wavelength. The correct write current must always be chosen to the right of 
the maximum for the lowest density to be recorded. 


Since we noted that the so called saturation peaks occur at lower write 
current values for increasing transition density, we might expect the ability 
of writing higher transitions to erase a lower transition signal previously 
recorded to be diminished. Such is the case and results in a new curve called 
the write over curve. It is usually drawn on the same graph as the saturation 
curve. Figure 4.9. The curve data is taken by first writing the lower density 
signal and measuring its amplitude. This amplitude is called O.db and becomes 
the reference. The higher density is then written over the lower density using 
the same value of write current. The residual low density signal amplitude is 
measured. This is done by using a high Q filter turned to the low density 
frequency in both cases. The high density signal is thus eliminated from the 
measurement. The ratio is taken as a -db level and is plotted on the graph. 
The resulting curve then indicates the degree of erasure and the quality of 
the recorded signal. As could be expected, any degradation of a signal affects 
the ability to read a transition and then assign it to its correct time slot. 
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A second valuable measurement is the ratio of the amplitudes of the 
ofr-tfci* ' highest to lowest densities recorded. This is usually expressed as a 
percent. The lower the percentage the further the two points are apart on 
the bit density curve, or if the two points are a fixed density ratio apart 
then it indicates the points are further to the right on the bit density 
curve. This is particularly true if the recording involves the far field. 
Figure 4.10 illustrates this effect. 

In the near field case, the ratio of jSEH. is about 0.0, whereas the 
far field ratio is .4/.75 or .53. Back to the near field case, to get the 
same .53 ratio the transition density separation is FI to F3. 

Because of the write over requirements the write current must be kept 
high, but if the far field effect are involved, both the amplitude and 
resolution, hence bit shift, suffer. A compromise must then be made between 
the two. It is then obvious that far field recording is undesirable. Write 
over values above -26 db are unacceptable. Usually we require at least -30 db 
to keep from degrading the amplitude and resolution or bit shift. The current 
value is always to the right of the saturation point regardless of the write 
over value. This is necessary to ensure erasure of old information. 

The last important measurement is the signal to noise ratio. Noise 
consists of five general components. First is the electronic noise assoicated 
with the amplifier first stage, the amplifier input current noise times the 
head impedance plus the amplifier voltage noise referred to the input. These 
two add as the square root of the sum of the squares. Barkhausen noise in the 
head core is also similarly added. The second noise is the media noise 
associated with the particle size, particle distribution and dispersion. 
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For particulate media this noise is considerable particularly as the track 
width diminishes. This noise increases as an inverse power function of track 
width. The third major noise source is the write over noise already discussed. 
The fourth noise is side fringing noise as read by the head from the adjacent 
track. The fifth noise source is the minor bit noise. These and electronic 
noise will be considered in a later chapter. The media noise will be worse 
for particulate media and best for thin film media such as metal films. This 
can be seen by considering the particles as separate magnets, each surrounded 
by a non-magnetic binder. Thus each particle contributes to the overall field, 
but as the view of the head decreases either in gap length or in track width, 
then the individual fields dominate which thus modulate the head signal. 

If we record a single frequency signal (single density) and we were to 
read it back noiselessly the resultant spectrum would be a single line equal to 
the bandwidth of the measuring equipment. As we allow noise to enter the system 
the spectrum broadens into the typical bell shaped distribution for white noise, 
or if colored, as by media noise, a different shape. We could plot the peaks 
of all pulses in the presence of this noise and we would get a similar curve. 
Since we are most interested in these peaks as they represent the true position 
of the reproduced bit, we need to concern ourselves with the amount and sources 
of the noise. Similarly, as we move further to the right on the bit density 
curve, we must add the time shift caused by pulse superposition or interaction 
when we write bits of at least two different spacings randomly. The result is 
three curves or more each centered on the predicted peak shift d'for the 
indicated bit spacing and each containing the probability of peak position due 
to noise. This is illustrated in Figures 4.11 a, b, and c. The work was 
first described by D. E. Katz and is the subject of a paper by him and 
Dr. Campbell published later. 
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' The ordinate may be changed to that of the time deviation from the 
expected time position of a recorded transition in a data stream. When 
this is done. Figure 4.11C becomes a plot of the probability of a transition 
being detected as a function of the expected transition of a noiseless non 
interacting system. If the time window allowed for each transition to be 
assigned to its correct time slot in a data stream, were to be drawn on the 
curves of Figure 4.11C, we would notice that a portion of the transitions on 
either side of Vwould be misplaced or be in error. We will discuss this 
further at a later time as there are many other effects that contribute to 
the number of transitions detected outside of its assigned window. 

SIDE FRINGING 

As mentioned earlier a significant noise source is side fringing. This 
signal has two components. Consider the head gap. It is three dimensional. 
So far we have only considered the field directly under the head core but the 
field emanates from the side of the gap just as much as below it. The field 
intensity limits for saturation are just as far as the depth of recording 
and worse as the field of non saturation extends even further. The head 
can read this field every bit as well as that under the head. Also it is as 
if the media were infinitely thick (to the side). Thus we would expect the 
field to behave as if it were a thick media or "far field" recording. This 
results in low density signals to be read at a higher amplitude than high 
density signals. Now we measure write over as a ratio of two low density 
amplitudes before and after a high density overwrite. It can be easily seen 
that the write over value is degraded by the side fringing signal since non 
saturated information is available to influence the head. The side fringing 
signal pick up is greater for low density signals. If two tracks were 
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immediately adjacent, the adjacent track recorded with a low density signal 
and the true track recorded with a high density signal then when reading 
the true track the read back signal would contain the low density signal 
as read to the side. If we were to plot the value of the fringing signal 
as a function of the low density frequency, we would observe an increasing 
fringing pickup with decreasing low density or decreasing frequency. All 
this means that the signal to noise ratio is further degraded from both on 
track low density signals previously recorded as well as adjacent track low 
density signals Figure 4.13 and 4.14. 

MINOR BIT 

Another noise source is the effect of the edges of the core away from 
the gap. These also represent a discontinuity in permeability and thus will 
appear as a partial gap. The gap length being infinity. On closer inspection 
infinity is not correct as some field Tines prefer to travel around the core 
and exit the side of the core thus generating a voltage in the coils. 

This is illustrated in Figure 4.15 A, B. The resultant pulse is very 
broad and of low amplitude but contains significant energy. An experiment 
can be set up in which a low density signal is recorded and read back as 
isolated pulses. The amplitude and position of both the isolated pulse and 
the minor pulse are plotted as a function of the low density bit spacing. 

At a certain spacing which coincides with an exact multiple of bit spacings 
equal to the core length the isolated pulse is dramatically affected by the 
minor bit as it adds. Figure 4.16, or subtracts its energy to the isolated 
pulse height by the few percent amplitude of the minor bit, but such is not 


5.10 


SulU?AAT£ 


flO- lif -/(T A 


i 

! 



51G A/AC t^Aue-fO/ZA^ PI+0 <~>iaJ 6 T*.u£ 

AMP A At (ato,\ $(j~ Pop to Th£: T 'KAtu*/i (P6& La7£A. 







PUBLICATION INTENDED. ALL RIGHTS RESERVED. 


HEAD PERFORMANCE 

the case. Amplitude increases of ~100% have been observed indicating that 
energy is involved, Figure 4.16. The reason this is not observed more often 
is that normal recording is of higher density which masks some of the effect. 

As this noise does affect the recording performance the head is modified to 
reduce the pick up. 

Head manufactures usually degrade the leading and trailing core edges 
either by increasing the flying height at these edges or by machining the 
edges so that it is not parallel to the recorded transition or by crumbling 
the corner so that it does not present a uniform edge equal to the track 
width. This phenomenon is only a reading phenomena. The write field 
strength at the trailing core edge is not sufficient to move the media remenant 
field, Br, enough to influence the read back process. 

This can best be seen when recording on a disc on the inner diameters 

t » i * 

where the pole edges B are not over the track A made by the regular gap. 

Then moving the head to have the gap over the B track. No evidence is seen 
of the signal recorded while writing'A even when using a spectrum analyzer 
as the measuring device. The thin film heads have significantly shorter 
core pieces, therefore the minor bit is substantial. It shows itself as an 
undershoot on both sides of the isolated pulse. A second effect in disc 
recording is an amplitude modulation as a function of radius for constant 
frequency record. These two effects are shown in Figures 4.17 and 4.18 
respectively. 
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The number of undulations being determined by the ratio of the pole 

Fli- <4.1 1 

thickness and the diameter change from ID to the OD.^Similarly, we would 
expect a modulation if we wrote varying bit density signals on a constant 
track as shown in Figure 4.19 which is the standard density curve. At very 
low densities the transition spacing exceeds the pole tip length, therefore, 
no modulation occurs. The above assumes equal pole tip lengths. 

The isolated pulse shape is the same for all low density signals below 
the pole tip length. When the transition spacing nears the pole tip length, 
the shape of the isolated pulse changes until it affects the amplitude. 
Thereafter the density curve is modulated for all higher density signals. 

During this chapter we have focued on three fundamental curves that 

A 

describe the performance of the heads and discs together. We can summarize 
by drawing several curves that relate the various mechanical dimensions of 
the head and disc. The unlabeled dimensions are considered unchanging. 

The five mechanical parameters that affect head-media performance 
significantly are the head gap length, head spacing, head coil turns, 
media thickness and media coercitivity. The actual shapes of the above 
curves are only to show trends not actual ratios. Of these curves the head 
gap length, head spacing and media coercitivity control the transition 
density performance as long as the signal to noise ratio remains the same. 
Generally we can say that as head gap length decreases, as long as the 
combination of flying height and media thickness is kept within the near 
field definition, transition density can increase. 
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OFF TRACK CONSIDERATIONS 

Both tape and disc machines exhibit problems with registration of the 
written track and the reading head. In tape machines this occurs in two 
areas. First the skew of the head centerline from the centerline passing 
thru the center of all parallel transitions. The angle produces two problems. 
The angle produces a cosine error in the track width which lowers the signal 
amplitude and a cosine function that broadens the transition as seen by 
the head gap thus lowering the amplitude and effectively increasing the Pw50 
which reduces frequency response. The other is tape registration which is a 
problem relating to the guides and the slitting process of the tape itself. 

In disc drives part comes in the form of disc runout which is similar 
to the tape guide-slit edge prohlem wherein the disc does not always rotate 
around the same point. This is due to bearing problems. Earlier disc drives 
have a cantilever bearing system which accentuates the problem. Also pack 
mounting repeatability is a problem. These together cause the disc line 
of rotation to precess which moves the track from its expected position as 
a cosine error. With a disc stack of more than one disc this makes the 
error subject to vertical location. 

Another area of concern is the carriage and ways. These are the moving 
parts that hold the head arms and allows movement into and out of the pack, 
a radial change in position. Any tilt of this assembly either due to machining 
or due to debris on the bearing surfaces will again cause a cosine error 
which worsens the further the head position is from the bearing surface. 

The manufacturing repeatability of the head arm and its alignment introduce 
either direct off track position error due to misalignment or cosine and 
cosine error from gap skew as previously discussed. The latter group of 
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errors have been eliminated in the fixed pack concept which was introduced 
in 1974 by IBM in the 3340 machine wherein the heads, carriage and way are 
included with the spindle in a separate package or module. The remaining 
tolerances remain until they can be reduced by changing the location of the 
bearings to either side of the spindle and carriage. 

Early disc drives used a detent arrangement to locate the position of each 
track. These tolerances were enormous compared to the track spacings. 

For example in the 2314 the track spacing is 10 mills. A total of 3 mills 
was allowed for all the above tolerances, or 30% of the track width. Later 
machines achieved better registration by utilizing a closed loop positioning 
servo to locate each track. Here a single head, the servo head, is made to 
follow a pre-recorded track containing positioning information. This cut the 
carriage tilt error to about half and similarly the precession errors. Added 
though is the ability of the servo system to follow the track. 

The total savings were positive thus permitting a present 960 tracks per 
inch or about 1.04 mill track spacing for the Memorex 3652 machine. Any 
mispositioning of a head in relationship to its recorded track results in 
increased noise in the form of adjacent track signals during read. A misplaced 
written track similarly creates problems for both the track of interest as 
well as the adjacent track and finally a reduction in signal amplitude due 
to the mispositioning. As can be seen the closer together the tracks, the 
less movement can be accepted before the signal is degraded. Typical ratios 
of head width to track separation remain fairly consistent for all machines 
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However, If we align the gaps to the radial line at some mid position 
then we would get ± (a=p) for both the I.D. and the O.D. The true alignment 
point would be at the radius where $=0.5° sec Fig. 3.35. 


Now the difference between a and 6 is large and normal sNew misalignment 
is usually kept to within ±30 or ±0.5° to minimize amplitude loss. This then 
restricts the total travel of the head. For example: 

R = 6.5" D = 0.02" 


.1/0.02 


a = sin 


.01 


6.5" 


= .08814736" 


.01 


R 2 = sin 1.08814736 ' .01899061 • 5265 " radlus 


if 


= .1" R 0 = 6.5" Ri = 4.0" ct = .44074106°, 8 = .71621585° 


A b .120 mills.. This says that A ^ is 2(6 - a) = 


i.05, 




b 0 = 6.5(1 - cos(sin" 53 )) = 1.4234 x 10 

_i .05 4 

b x = 4.0(1 - cos(sin 4)) = 3.125 x 10" 


( .275475°)2 

This is close to the 
spec for ± 0.5° skew. 


This says that there is no positioning reason for not having two heads, one for 
write and one for read with a radial head movement. 


The problem is the isolation required 
Vw = 7.V 


-3 


'BP 


V D = 1.0 x 10 V @ -30 db S/N 

R .001 


Vwn " (31.622777) 


3.162 X 10 " 5 V 


* OU **i 


for 1G-&96 db isolation for a noise contribution of -30 db. 
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it around 70% which is just the same as for the old detent machines of the 
1960's. The difference being that some tolerances have been reduced 
permitting an increase in track density up to the next limitation. 

An example of the signal degradation due to mispositioning is illustrated 
in Figure 4.33. The signal read will be A, the intertrack gap is B and the 
adjacent track signal is C. Fringing is also a factor. 


Sig = T(on track amplitude) y” + F x 

_C 

Noise = T(on track amplitude) y 2 + F 2 + T (surface noise) 


SKEW 


At the ID the gaps are separated by 2 


d 

|(2) (BPIJJ bits 


At the OD the gaps are separated by lrj(BPI) (j^)| bits 


If the gaps are symetrical around the radial line, then * at OD the length 
b= R(1 - cos - ) = R.O - cos (sin -(f))) 

-i d/z 

At ID the length of b = R(1 - cos ) = R ( 1-cos (sin (r 0 ))) 

• -i d/ 2 _j d /2 

. . the difference is R 0 (l - cos r ) — Ri(1 — cos ) 

This could be compensated for by the servo track spacing as far as track 
centerline is concerned as well as the intertrack spacing. 

The skew will be twice the difference between a and Bif we align the gaps 
to the radial line at the O.D. I.D. = 2(a-8). 


5.15 





PUBLICATION INTENDED. ALL RIGHTS RESERVED. 


HEAD PERFORMANCE 

1 .01 

b 0 = 6.5(1 - cos(sin - “ 65 )) = .00000768 

, .01 

bj = 4.0(1 - cos(sin - ~T~) = .00000312 

Ab = .000,004,56 or 4.56 y" 

• < 

that is for a gap spacing of 10 mills 


Try gap spacing of .10" 


bo = 6.5(1- cos (sin S. ~ B ) ) 

.1 ^05 

br = 4.0(1 - cos (sin 4 )) 

Ab 


(.00002959)6.5 = .00019234 

(.00007313)4 = .00031251 
.120 mills 
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Figure 5.1 Isa general block diagram that may be used to define the 
circuits required. All R/W channels have this form. Its complexity may be 
increased depending on the sophistication of the recorded signal or it may be 
decreased for very simple signals. As most disc drives have multiple heads, it 
is obvious that some means be provided to isolate the individual heads from 
each other while allowing one head to function. This is the function of the 
block marked Matrix. It is fed from an address register that contains the 
head number selected. For reasons to be discussed later, these two blocks 
may be repeated. The blocks marked Read and Write perform these basic services. 
A means must be provided to select either. That is the function of the blocks 
marked Read Select or Write Select. Part of the write chain includes the 
Write Pre Driver, the Trigger and any encoding functions. The Read Chain 
includes the Linear Amplifier and Filter, the Detector, and a decoding or 
declocking scheme. Some subfunctions include Address Mark Detection and 
synchronization. A necessary set of functions include the Safety Circuits. 

These are provided in order to protect the recorded data either from simulta¬ 
neous commands or from failed components or circuits. These circuits do not 
respond to legitimate though unintended commands. Tape drives generally perform 
these functions multiply in groups of 5, 7, or more depnding on the machine 
type. It is the p upose of the remainder of this book to address each of these 
blocks in turn. We will discuss the various interactions and requirements 
particularly those related to the head-disc interface. 

WRITE CIRCUITS 

The write circuit used depends on the head winding structure whether it 
is single-ended to reference, single ended floating differential or centertapped 
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R/W BLOCK DIAGRAM 


differential. The circuit also depends on the time between transitions. 

In the single ended version the write current required for saturation is 
alternately reversed in the windings producing the alternating flux 
reversals required for writing. This can be accomplished by the circuit of 
Figure 5.2A. Here the complimentary emitter follower drives is driven by a . 
square wave that is carried above and below ground. The current flow is 
then determined by the voltage level out of the driver and the value of 
resistance in series. With large input voltage swings the value of the 
series resistor can be made large which minimizes the L/R time constant and 
thus reduces the time of the recorded transition. Power dissipation is large 
both in the Driver transistors, the input driving circuit and the series 
resistor. 

The current is determined from EQ 5.1 and 5.2 


DC I. 

+i ' 

Vin+ - Vbe 1 

R + Rh 

DC I- 

Vin- - Vbe 2 

R + Rh 


If the circuit is balanced to ground then these two currents are equal 
except for the slight differences in Vbe and the input voltage swings. The 
circuit is worse cased by considering input swing variations, the Vbe variations 
and the two resistors variations, one a fixed and the other the winding 
resistance. 
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R/W BLOCK DIAGRAM 

Power dissipation for the transistors is simply calculated, again 
worse case conditions must be assumed. 

(Vsupply max - Vsig min + + Vbe max^l4,t 

p — — ■ —————————— * - 

1 . 4 R min + Rh min 

It will be noted that the current is a function of time; therefore, the 

actual transistor power dissipation is less than EQ 5.3 would indicate during 

the time of the transition. Also the true maximum may not occur at Vsig min 
but at some other value. At the time after switching^the current thru the 
inductor cannot reverse instantaneously, therefore, the transistor power 
dissipation is increased in the same transistor until the current falls off 
to zero on its way to the opposite maximum. The base voltage changes to the 
opposite polarity but the current remains the same. The power peak is given 
by EQ 5.4. 

P 

Tpeak = (Vsupply max - (-Vsig min) + Vbe max) I Max (EQ 5.4)-j 

Where I max is the current determined by equation 5.1 (or 5.2). 

This transient power dissipation must be considered, particularly when 
secondary breakdown can occur. The choice of transistor then not only 
depends on the voltage and current, but unfortunately both at the same time. 
Figure 5.3 shows the relationships. 
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The head circuit cannot really neglect the capacitance; therefore, the 
actual head current is determined by EQ 5.4 t for a step function, using the 
circuit of Figure 5.2B. 


((LS + 


V sig (s) 


1 

Rh) CS 


LS + Rh + CS 


1 


R + (LS ± Rh) CS 


LS + Rh + 


I_ / (LS ♦ Rh) 
CS. 


(5.4) j. 


This breaks down to a third order step: 

V sij (s) 


s[ RLC S 2 - + (* + L)s 4 - ^ 4 -^] 


(5.5) 


C/a/gi 


All this slows down the rise time^widens the transition widt^ which in turn 
widens the PW50. 


Another circuit that could be used is shown in Figure 5.4. Hen?the 
write current,is determined by the series combination of R, the head circuit, 
and the saturation resistance of the transistor. 


'(DC) 


V - Vsat 


R+ R h 


(EQ 5.6) 
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R/W BLOCK DIAGRAM 

The transient behavior is the same as EQ 5.5 only V sig is replaced 
by +V. 

It should be noted that the rise .time is affected by the storage time 
of the transistor. If the storage time is very small compared to the 
transition time then it might be a useful circuit. Note that the transistor 
current is nearly double being 

I_ _ V - VHi + V - Vsat (EQ 5.7) 

‘x R + Rh R 

The power dissipation in the resistors are very nearly constant. The 
voltage breakdown requirements for the transistor include the voltage developed 
across the head at turn off time due to the inductance. This can be nearly 
the same as +V meaning the transistor will see 2V during the transient. 


The damping of the head for a zeta of .95 can be accomplished by the 
collector resistors or by the addition of a third resistor in parallel with 
the head. 

Tolerances on the Resistor, the Vsat, the supply, and the head winding 
resistance determine the range of write current expected in a manufacturing 
run. 

A third circuit is shown in Figure 5.6. Here the transistor storage 
time is eliminated, but the current source must supply nearly twice the head 
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current as is also required in Figure 5.4. The commutating diodes are 
eliminated by making +V equal to twice that required which leaves a bias of 
+V on the collectors. This accommodates the negative V swing of the head 
without saturating the transistor. A penalty is that the transistor power 
dissipation is high. The average Pw being for the transistor. 


Pw are = (+V - I R + Vbe - Vb)I<. (EQ 5.8) 


The time domain transient equation is the same as equation 5.9 and 5.10 


l h 


1 

Ks) nr 
i 

S(S 2 + 2RC S + 



(EQ 5.9) 


I(s) Wn 2 
S(S 2 + 2^WnS + Wn 2 ) 


(EQ 5.10) 


The transistor voltage breakdown requirement is 1.0V due to the voltage 
rise resulting from inductive current. Again the damping is achieved via 
2R or a third resistor in parallel with" the head. It will be noted that the 
current thru a resistor at switching time goes from 1/2 to 3 £I during the 
transient and back to 1/2 again for one half of the cycle. On the second 
half cycle it goes from + 1/2 to - 1/2 and then back thru zero to + 1/2 again. 
The degree of achieving these excursions is controlled by both zeta and the 
head capacitance. 
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The peak power dissipation for the resistor is threfore approximately 
„ /3I 

P R Peak 1 \~2) (V) (EQ 5.11) 

occurring at time A on Figure 5.7. 

A fourth circuit and its variations can be used which reduces the power 
dissipation by requiring a current source of only I instead of the 21 as used 
in the previous two circuits. The basic circuit is that of a current controlled 
bridge. In this circuit the current path is controlled by a pair of emitter 
followers in the upper half of the bridge. The base voltage swing Vbl - Vb2 
must be large. The negative going portion must be greater than the voltage 
developed across the head during switching. 

The average power dissipation of the upper transistors is half the DC value 
if the signal on Vbl - Vb2 exceed the transient head voltage. 

p _ (V - Vb l4 , + Vbe) I 

T ( i or 2 ) “ 2 (EQ 5.12) 

The head current equation is the same as in EQ 5.10. If the input Vbl 
and Vb2 is less than the transient voltage then current must flow thru Tl or 
T2 during a portion of the transient; therefore, the power dissipation is 
increased by that current flowing times the V-Vb difference. 

P T = (V - (-Vbi) + Vbe) I t (EQ 5.13) 

Where 1^ is that portion of 1^ supplied thru the transistor. 
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R/W BLOCK DIAGRAM 

The modification of the head current is due to a portion of I source 
being supplied thru the non off upper bridge transistors. One disadvantage 
of this bridge circuit is the circuits that are required to drive the bridge. 
These circuits also have power dissipation particularly the circuits driving 
the upper half of the bridge due to the large swings required, and if fast 
speed is required, low impedance, high current. 

There are several circuits that may be used. Note the phasing required. 
Because of the various propagation delays and turn on - turn off times, the 
bridge may exhibit current spiking where both twite it ions may be on momentarily 
at the same time providing a path directly from +v to the current source. 
Fortunately, the current source prevents the larger currents that occur in 
saturated bridges. 

With these drivers the current sources determine the swing available. 

The tolerance of the various resistors and the tolerances on the current source 
must ensure adequate swings on Vbl and Vb2 to maintain an unaltered current 
waveform. Care should also be exercised to minimize this margin as the power 
dissipation of the bridge depends on these voltages and the current. If too 
large a margin is provided, A in Figure 5.9, then the lower half of the bridge 
has a higher than necessary dissipation. If not enough margin is provided, 
then the bridge saturates and rise time is degraded. Further if the swing on 
Vbl - Vb2 is small then the upper half of the bridge experiences a higher 
dissipation. Normally, the upper half of the bridge only sees the difference 
+V and Vbl or Vb2 times the current source value. By using the circuit of 
Figure 5.11B this is minimized. One nice thing about the combination of 
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R/W BLOCK DIAGRAM 


Figurfe 5.8 and 5.11B is that it is easily integrated. Integrated circuits 
cannot tolerate PNP switches at either high currents or high speeds, therefore, 
theyare avoided. This last combination is very effective for two terminal 

2f/v FA 

thin film heads where the voltage transient is below the base - emitter asnes 
voltage. Those heads that have large voltage transients must necessarily 
use a different circuit such as Figure 5.6. The head field for all two terminal 
heads is proportional to NI. The read back voltage is also proportional to 
N d<J>/dt. 


There is another class of head circuit that is very popular for reasons 
to be discussed later under multiple heads. These heads feature a centertap. 
They are therefore a three terminal device as Figure 5.12. 


The circuits used to drive this head are necessarily different. One 
principle is immediately obvious and that is that the write current flow is 
into either terminal A or terminal C and out terminal B depending on the 
direction of the writing flux desired. The head inductance is proportional 
to N^; therefore, the number of head turns required for the same N I as previ¬ 
ously discussed needs to be double, therefore the inductance is multiplied by 
four. One advantage is that the read back voltage is twice the previous value. 
Bandwidth restrictions force the use of a total of N turns therefore the 
readback voltage is the same but the write current is double to keep the 
same NI. 

The head circuit can be either the full differential, or it can be 
half where the inductance is equal to L A _ C /2 (eq 5.14) as can be seen by 
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La_b + ’ Mg-C 5.15) where Mg_£ is the mutual inductance of the section 
B - C reflected into A - B. The capacitance for the half equivalent is twice 
the value of the differential capacitance. The damping resistor is half. 

All this is shown in Figure 5.13 A and B. 

* ' . 

L Total La _ c = I-a_b + ^b_q + Eg_Q + ^A-B (^Q 5.16) 

Either circuit will yield the correct results when used in equation 5.10. 

The circuits that are used are discussed below. 

The first circuit is the saturated switch version as shown in Figure 5.14A 
and B. In Figure 5.14A the DC current is established from EQ 5.17. 

V - Vsat - 

I = - 

h DC R h (EQ 5.17) 

R + y 

Worse case values can be assigned that give the range of currents over 
production runs. Note that the current I is only passing thru half of the 
head windings when calculating the current for the field required. This 
circuit is only useful where the storage time is acceptable. 

The damping resistor Rq is not affected by the series current determining 
resistor R in contrast to that of the two terminal head circuits of Figure 5.4. 

The voltage excursions on the collector are the same due to twice the 
current. No commutating diodes are required as the voltage on the collectors 
never go below ground. 
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For this circuit, though, the collector - emitter voltage breakdown 
must be greater than twice the +V supply. 

The circuit of Figure 5.14B is different. It also suffers from storage 
time in the switching transistors, but the voltage waveform is different even 
though the DC value is identical to EQ 5.17. 

It will be noticed that the collector voltage goes below ground, while 
the second one goes to ground. This requires commutating diodes, also a second 
look at the equivalent circuit. The commutating diode places both ends of 
the head at near ground forcing a head equivalent circuit of just a series R^ 
and the inductance Ly for the duration of the conduction of the diodes. The 
time for rise during this period is essentially La-C/R^ which can be very long. 
When the transient voltage reduces as the change in current drops, then the 
circuit reverts to the standard parallel RLC of Figure 5.13A or B. Obviously 
this is not a desirable circuit. 

The most popular circuit is shown in Figure 5.16. Here the full speed 
can be achieved but at the cost of transistor power dissipation. The voltage 
V is chosen to keep the negative transient voltage at the collectors above the 
input Vin +. The damping resistor is chosen to satisfy EQ 5.17 for a zeta of 
0.95. 

1 

= 0.95 = ifW h RC (EQ 5.17) 

The waveforms are shown in Figure 5.17. Notice the collector voltage relationship 
to the base voltage marked as 'margin' also the peak voltage to the Vw level 
that must be within the q breakdown voltage, (collector to emitter). 
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R/W BLOCK DIAGRAM 

For a P maximum we use EQ 5.18. 

p 

; MAX TX = (Vcc MAX - Vh, Min + + Vbe MAX) I source MAX (EQ 5.18) 

We may divide power by two only if the switching signal has no dc component. 

If the DC average of the input waveform is not zero, then some other factor 
must be used. Its value will lie between 1 and 2 depending on the asymmetry. 
Another consideration is the length of time one transistor is conducting. This 
is due to the thermal lag of the transistor structure. For slow waveforms 
the power dissipation must be considered as the full value even if there is no 
dc component of the input signal. Localized heating of the junction may exceed 
the allowable junction temperature. 

The junction temperature for all circuits can be calculated using the 
transistor thermal resistivity value published for that device. 

T J - ( R JC + R ca )(°C/W)(Pw Max)(Watts) + Ta Max . (EQ 5.19) 

Where Rjc is the thermal resistance in °C/Watt from junction to case, 

RCA is the thermal resistance in °C/watt from case to ambient air 
PW Max is the power dissipation in watts, and Ta is the ambient maximum 
temperature in °C. 

For best reliability the junction temperature, Tj, should not exceed 
100°C even though a device may be rated to 125°C or even 150°C. The temperature 
rise is the first half of the equation. It may be modified by adding a heat 
sink which alters the parameter Rqa- Nothing can be done for Rjq though. 
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Air flow also enters into Rq^ value and is usually published as a family of 
curves. For writing circuits the power dissipation is fairly high in 
comparison to standard circuits particularly as large currents are required 
in high inductance circuits. The requirement to keep the collectors out of 
saturation forces higner collector voltages. 


l h 


I 


Source 


( 



(EQ 5.20) 


BASE DRIVE 


A further consideration is the base drive. The impedance of the base 
driving circuit needs to be kept low in order to reduce the Miller effect 
feedback. If the input impedance is high the head voltage transient will be 
capacitively coupled to the base circuit possibly forcing the transistor back 
out of conduction and the opposite transistor back into conduction. Figure 5.18 
illustrates this effect where the dotted line represents the feedback thru, 
Miller capacitance. The transistor C also requires consideration when 
designing the base driver circuits. It .also affects the current thru the head 
and the current source. All the circuits previously mentioned that are driven 
from current sources will have these limitations. Those that are saturated 
switches will have only the Miller effect to contend with. Equations 5.21 and 
5.22 describe these effects. 


! h 

V base 


I source - B ^ I ~ t+p'j 


Vin 


Vh Transient 


CS 


) 


Rin 


(EQ 5.21) 
(EQ 5.22) 


+ Rin 
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TIME DOMAIN SOLUTION 


The time domain solution for the head voltage and the head current as 
described in EQ 3.11 and EQ 3.14 are given in EQ 5.23 and 5.24 respectively. 


1 Ihl l Wn 2 

^ (S 2 + 2cWnS + 




Cs<> \~4-a/ —”3 


IL Wn -CWnt 


(S 2 + 2;WnS + Wn 2 ) jjl 


e Sin(/T^? wn^ (EQ 5.23) 


j vj -i I(s) Wn 2 

oL ^ oL S (S 2 + 2 ? WnS + Wn 2 ) 


= I 


1- 


1 _ ^Wnt 




___ " C 2 

sin (Wn |^1 - Ipt - tan ~ ) 


J 


(EQ 5.24) 


It may be noticed that most write driver circuits bases are driven differentially. 
This type of input is forgiving of any slight unsymmetry in the input waveform 
as long as the unsymmetry is repeated on each input. This is illustrated in 
Figure 5.19 where the crossovers are not occurring at the centerline due to 
slope unsymmetry. Such unsymmetry may be caused by variations in rise and fall 
times. A typical switching input swing requirement for differential unsaturated 
switches is about 1.0V. This value guarantees total cut off of the opposite 
transistor. We assume that 0.4 volts Vbe are required to bring a transistor 
into a slightly conductive condition and by 0.7 to 1.0 volts the transistor 
is completely on. When using transistors with larger Vbe sat voltages, they need 
to be provided larger input swings in order to correctly switch them. 
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WRITE VOLTAGE CONSIDERATIONS 

Since the write voltage transient forces the collector voltage to be 
high to accommodate the swing, we might profitably look at what we can do 
to limit the total swing. Restating EQ 5.23 again, we can ignore the time 
varying terms and just look at the magnitude portion as shown in EQ 5.25. 



I L Wn 


(EQ 5.25) 


by substituting KN = L and ignoring the damping term in the denominator 
as ^ is a constant for all write system = 0.95, we get: 

I KN 2 NI VT 


V « 


/KN^C 


VF 


(EQ 5.26) 


Now we see that NI is proportional to the flux required to saturate the media. 
For a given head - media interface, NI is a constant. If we change the flying 
height and/or the gap length in order to reduce the current then we can reduce 
the transient voltage, but just reducing I forces N to be increased to keep 
the same saturating flux which accomplishes nothing. The only other alternative 
is to either improve the head efficiency by reducing the throat height provided 
we can do so without saturating the core pole tip or increasing the capacitance. 
This latter will lower Wn which increases the rise time which may be excessively 
detrimental. 


WRITE PULSE SHAPING 

One way to improve the rise time in a head that requires a large number of 
turns, such that the Wn is lower than desired, is to pulse the current source 
in time with each switching edge. The effect is to force the head current to 
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WRITE PULSE SHAPING 

rise towards the higher value and then just before the required current value 
is reached to drop the current source value to its normal value. A penalty 
for doing this is that there is a voltage across the head capacitance remaining 
that needs to be removed before the head current can settle to its final value. 
The width of the pulse will require careful control in order to orchestrate 
the desired result. A circuit for doing this is shown in Figure 5.20, along 
with the waveforms in Figure 5.21. 


As can be seen the voltage transient is very large. The rise is fast 
during the pulse then it reverts to a negative slope until the transient is 
over. The equation takes the form of two parts where the 



(EQ 5.27) 


notation is for two step functions at differing times and Im = I + Iq (EQ 5.28). 


B. PRE DRIVER CIRCUITS 

The circuits used to drive the Write Drivers can range all the way from a 
direct connection to the Flip-Flop to a intermediate amplifier or switch that 
is used to establish the bias levels required and/or the base current requirements. 


For the saturated versions the driving circuit need only provide the base 
current required and a voltage output swing capable of turning the driver 
transistors on and off. Standard T 2 L logic blocks are usually sufficient. 

If higher base current is required an open collector output device can be used 
efficiently. An example of both is shown in Figures 5.22 A, B, and C. 
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For the non saturating switches either a T 2 L, ECL or a voltage translating 
switch can be used. If T 2 L logic blocks are to be used, care must be taken to 
minimize the Miller feedback transients during the up level by maintaining low 
impedances or by using pull up resistors as required in the saturated version. 
ECL logic has the advantage of low impedance and a voltage swing sufficient to 
switch the driver transistors. 

If the write drivers are PNP and the head is tied to a negative voltage, 
then the type requires no base translation as shown in Figure 5.22C but may 
be connected directly if sufficient base drive is supplied. If the head 
centertap is grounded, then the bases of the write drivers need to be driven 
from a potential sufficient to keep the driver transistors out of saturation. 
This function is best performed by a current switch unless the storage time of 
saturated switches and their voltage swing can be tolerated. 

With the current switch Pre Driver both the impedance and the voltage 
swing requirements can be designed in. Figure 5.24 shows an NPN driver with 
a PNP Pre Driver. The -V ref is chosen to keep the Write Driver collectors 
(3,4) out of saturation during the head'transient. The bases of the Pre 
Driver can be driven directly from either T 2 -L or ECL logic blocks. This 
kind of circuit lends itself to large separations between the Pre Driver 
and the Write Driver wherein the impedance can be that of an interconnecting 
cable for termination purposes. The current in the Pre Driver needs to be 
large enough to produce the Write Driver base drive voltage swing required. 

When this circuit is worse cased both the Write Driver turn on and turn off 
requirements must be met but also the Miller feedback from the head transient 
must be allowed for. Lastly, the Write Driver base breakdown voltage Vber 
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must not be exceeded. These equations are complicated by the base current 
requirements of the Write Driver. A set of equations follows. 


A v bW.D. •* 
min 





Isource 2 



R min (EQ 5.29) 

i . 


Isource 1 - 
max 1 \ 


Pjinax +•! 


Isource I- 1 ^ (EQ 5.30) 

max A.max* I I 



AV bWD‘ < Vber (EQ 5.32) 

4 max I ^ 

If more than one Write Driver is desired to be connected to a common Pre Driver, 
then due consideration needs to be paid to capacitance as associated with the 
RC of the Pre Driver load. One problem when driving long cables between the 
Pre Driver and the Write Driver is that both ends must be terminated in the 
characteristic impedance of the cable in order to absorb the transients associated 
with both the Pre Driver output and the Miller feedback of the Write Drive. 

This will ensure quiet operation with no reflections. A network can be 
designed to drive multiple cables with their characteristic impedance at both 
ends. A circuit for doing this is shown in Figure 5.25 
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Symmetry shows that half the impedance of a twinaxial cable or the 
impedance of a coaxial cable must be used for Z Q . 


M r 2 + ) 

R i + r 2 + Isl 


(EQ 5.33) 


The voltage swing at the bases of the Write Driver will be a function of the 
two current sources as before (EQ 5.29, -30) but now R needs to be modified 
to include the effects of the network. This is best illustrated by considering 
Figure 5.26 when only one Write Driver is activated and the second is idle. 



(EQ 5.34) 


(EQ 5.35) 


This is the base 3 to base^ voltage with no base current effects from the 
Write Driver. 
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The current sources considered are those used to generate the write 
current. Several design requirements must be met .y First the current source 
must be stable with temperature and supply voltages. Second the manufacturing 
tolerances must be minimized. Two circuits are considered here. The first is 
the zener controlled emitter degenerative circuit of Figure 5.27. This is 
shown as a n ecjative ,current source. 


For this circuit to function correctly the voltage on the collector of 
Q1 must always be more positive than its base. This prevents saturation. 

When the collector is connected to the Write Driver this means that the most 
positive base of the Write Driver must be at least two Vbe drops above the 
base of Ql. Notice that the Diode D1 is added to compensate for the Vbe of 
Q1 over temperature. This is only true if the diode characteristics of both 
Ql and D1 are the same and the currents are the same. Doing this is rather 
wasteful so a compromise is made allowing a degree of temperature compensation. 
The zener D2 is chosen for a sharp knee or at least a fairly flat zener potential 
around the maximum and minimum currents expected thru Rl. If the diode drop 
Vqi is the same as the Vbe at the operating current then the current source 
is essentially: 



(EQ 5.36) 


Since this is fairly ideal we need to consider the whole circuit. The circuit 
includes the T l L interface and Q2. 
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First we will saturate Q2 for a maximum of 25 ma. This will ensure that the 
zener will be operating well past its knee. 


25.ma > 


+Vmin - Vbe,max - Vsat. 


6 . 


.V 

»n»n 


R 3 max 


Vbe 2 max 

R 4 min 


(EQ 5.37) 


With Q2 saturated we can proceed to the input of Ql. 


min 


(-t-Vmin - (-V min) - V niMax - v z Max~\4 ^-I ( 

n Miw 


I \ fFO. 


The voltage at the base of Q ( will be, realtive to the minus supply, as follows 
if we ignore the fact that the first term Vz m - n is contrary to Vz max used to 
calculate Iz m1 * n as given in EQ 5.3£. 

^bj ~ ^ z min + ^z min^z min^ + ^Dj + ^min^z^min (EQ 5.3S) 

Therefore the current source will be: 

T _ ^^imin ~ ^^ ei max / ^imin \ _ t (EQ 5.40) 

source “ / " c? ‘ 

min zmax min/ 

If this current source were to feed the Write Driver of Figure 5.16, then the 
actual head current would be reduced by the base current drawn by the Write 
Driver as indicated in EQ 5.20. 
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-D. ALL 


The maximum write current can be found as follows: 


+V - (V ) - V - V \/ 

max max 7 D^in z min- lfo»r. 


max 


imin 






61 max 


(EQ 5.4/) 


imax 


Vz max + Rz max ^z max^ + ^max + R Dimax max^ 


(e<3 


I 


Vbi - Vbei 
max max 


0 , 




source, 


max 


R 2 min \ 1+ 8 i max 


(ea S"*) 


The manufacturing tolerance (more than worse case) is then: 


A *source ^source max “ ^source min. 


(EQ 5.44-) 


It should be noted that several factors can be controlled by choosing both 
the zener voltage large compared to Vbei and V Di and using a temperature 
compensated zener with 1% or better resistors for R 2 . Also closer tolerances 
on the zener voltage Vz and the zener impedance Rz. 

Going back to the saturation curves of Figure 4.8, we can see reasons for 
a small delta I source when we are forced to use thick media where the 
saturation curve rolls off. If we are using media where the saturation 
curve is flat above saturation then we can use cheaper wider tolerance parts 
for the current source. 
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We can go thru a similar procedure if we choose a positive current 
source. 


The second type of current source is the current mirror. This circuit 
finds favor if the whole is to be integrated on single chip. The circuit of 
Figure 5.28 is a simple Wilson current mirror. The requirements for stable 
current are the value of R } and the matching of Ri, R 2 , Qi and Q 2 . Often the 
current thru Qi is multiplied by the junction area ratios of Qi and Q 3 with 
due consideration for the periphery of the emitters. The function of Q 2 is 
to supply base current to Qi and Qs bases at the cost of the error 1^ . 

I h = I Error = ^ ) (EQ 5.4?) 

b2 82 

Current multiplication can also be achieved by varying the relative value 
of R, and R t . Since the resistors in integrated circuits typically have a 
tolerance of 25%, this means that some other resistor type must be used for 
R 3 or it can be laser trimmed as one manufacturer has done. 


Power dissipation for both types need to be calculated to ensure the 
junction temperature is not exceeded nor the devise forced into second breakdown. 
The output voltage is simply the conducting base voltage of the write driver 
less one Vb e or V c max. 


P 


source 


rtA+ 


= P(Vc max - V e t min) !^ max + 
(b + 1 

nAjt 


4 


Vbe min 
8 •+■1 




(EQ 5.4*) 
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In most recording applications the Write Data is received on multiple 
lines which must be converted to serial form before writing on the media. This 
is easily handled by a parallel to serial converter under the control of the 
write clock. The output of the shift register, or serial data is then changed 
to pulses if the data is true, or no pulses if the data is false. These 
operations are shown in Figure 5.29 which includes a means of providing 
alternations of the input lines to the Write Pre Driver if used and/or the 
Write Driver. The alternations in input level provide the current switching 
which in turn provides the flux changes of the recording. 

The function of the 'and' block A can be modified to suit the code used 
for recording by the use of an encoder. These circuits will be covered later 
when we discuss codes. There is one other function that can be included in the 
Block A and that has to do with Pre Compensation. Consider for a moment the 
transition density curve Figure 4.3 and the interaction between transitions 
that cause the reduction in amplitude and pulse shift. When writing a data 
pattern there is not a constant density but discreet changes in density depending 
on the data content and the code used. The plot for bit shift or pulse shift 
included in the density curve was achieved by measuring the peak spacing between 
two adjacent transitions separated by long areas of no transitions. This type 
pattern can also occur in a data stream for some codes. If we were to write 
the transition in such a way that a pulse that is shifted early in time compared 
to its true position could be compensated for by writing the transition late. 
Similarly a pulse that is shifted late can be corrected by writing it early. 

Thus when this signal is read back the pulses are very nearly back to their 
true position. This is know as Pre Compensation. When a head - media choice 
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D. DATA 

is made for a particular machine design, compromises can be made that can increase 
the density beyond that safety obtainable by using Pre Compensation. Generally 
speaking for the FM codes Pre Compensation is advisable below a resolution of 
0.7 and definitely required below 0.6. The subject of codes is discussed later. 
The circuits chosen to implement Pre Compensation must consider any parallel 
delays in the logic paths as any unsymmetry there will write bit shift. This 
can best be achieved by using logic gates from the same clip for all parallel 
functions. As we begin the design we need to determine the number of discreet 
shifts required. These depend on the code used and the transition density 
chosen. For example, one code might exhibit two levels of bit shift, t 5 and 
t 9ns. These are sufficiently far apart that it would be expedient to design 
a system that implemented the shifts. A truth table then needs to be generated 
that describes the pattern and the expected shifts. We will leave this function 
to the chapter on codes as the implementation of the code is done simultaneously. 
This will suffice for the present. 

We have now completed the blocks used for writing with a single head. There 
were many blocks described for each function. How they are put together and 
which block is chosen depends on the power supply, biasing, bit timing vs. 
circuit delays such as saturated transistors, intended cost goal, and the 
head - media interface magnetically and electronically. 
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Referring to the block diagram Figure 5.1, locate the Read Pre Amplifier. 
This particular block determines the basic signal to noise ratio of the 

machine. It also provides the functions of signal amplification and impedance 

dd> 

change. When reading a head signal which is the result of the cTt of the 
recorded transitions the windings of the head are connected to the Pre Amplifier. 
The amplifier also has some input capacitance and some input resistance, Zin. 
Since we are concerned with a maximum voltage at the Pre Amplifier input for 
voltage amplifiers, the concept of impedance matching is incorrect. We must, 
however, properly damp the RLC network as previously discussed such that we 
have a zeta of 0.7 for a maximally flat bandpass. Now R and C of the head 
adds appropriately to the Zin and Cin of the amplifier and must be included 
in the calculations. 

Single ended amplifiers, which most engineers are familiar with, have poor 
common mode rejection meaning that for any ground shift voltage, power supply 
voltage noise, or magnetic and electric field noise coupled into the signal 
leads the amplifier will treat them as if they were signal. This is 
disastrous for high speed magnetic recording. For this reason all wide 
bandwidth read amplifiers use the differential connection as illustrated in 
Figure 6.1. Differential amplifiers have excellent common mode signal rejection 
and common mode power supply noise rejection. 

The differential connection itself needs some basic understanding. Head 
signals are usually referred to in volts, peak to peak. Differential. This 
means that the voltage across the two inputs or outputs is measured between 
the two inputs or outputs as a Peak to Peak value. An oscilloscope is the 
usual measuring instrument. The usual oscilloscope set up is A - B for the 
two inputs. 
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If we measured 2 mV PP differential signal between points A and B, we 
would then expect to measure 1.0 mV PP between point A and ground also from 

Jiff 

point B and ground. This is referred to as 1.0 mV PP single ended. (S.E.) 
The term "differential" means the difference in voltage between terminals 
A and B. In Figure 6.2A we can see that the voltage difference between 
terminal A and B at point C is +0.5mV - (-0.5mV) = +1.0mV (EQ 6.1). 
Similarly, at point D we measure -0.5mV - (+0.5mV)=-l.OmV (EQ 6.2). 

The resultant waveform would be a voltage with an amplitude of 
l.OmV - (-l.OmV = 2.0mVpp differential (EQ 6.3). We could look at the 
following relationships. 

2mV PP diff = lmV PP SE = 0.5mV Bp SE (EQ 6.4) 

where S.E. is single ended, and B.P. is base to peak. 

We could add to the complexity and say that this signal is 0.707mV RMS 
Differential or we could say it is 0.3535mV RMS single ended. 

With the above background we can now talk about the amplifier itself. 
The parameters we are most concerned with are high gain, wide bandwidth, low 
noise, low output impedance, and high input impedance with a differential 
connection and high common mode signal and power supply rejection. 


The input signals are typically in the low millivolt to microvolt range. 
This immediately requires that the amplifier noise referred to the input 
must be considerably lower than these levels. For example, we require an 
amplifier that has a Signal to Noise ratio of +30 db, meaning 


S 

20 log n = 


30 db 


(EQ 6.5) 
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For an expected 1.0 nWPP signal, S, we need to first convert this to 
.3535 mV RMS differential. The noise limit can then be calculated from 

Antilog 3P_ =31>622 = _S = _0.3 5 3 5 m , V , RMS , 

20 N N (EQ 6.6) 

N = . 3535 mV RMS = n>17 micro volts ms D1ff# ( EQ 6>7 ) 

31.622 

If the amplifier gain were 100 then we would expect to measure 1.117 mV RMS of 
noise at the amplifier output. The amplifier input impedance and the source 
impedance play a dominant role. There are two sources of noise to consider, 
first the voltage and shot noise, meaning with the inputs shorted together we 
would measure an output noise equal to this internal noise voltage source times 
the amplifier gain. The second noise source is a noise current. To develope a 
voltage we simply multiply thisjnoise times the input circuit impedance. In our 
case this is an RLC circuit; therefore, we would expect it to vary with 
frequency. There is a third noise source called ^ noise, but as this is below 
a few cycles and most magnetic recording occurs at much higher frequencies, we 
can effectively ignore this noise. 

If the head were purely resistive then we could add the two noise sources 
as the root mean square: 

K Y~Vn v + InR 1 ' = K^effective noise^ (EQ 6.8) 

where K is the gain of the amplifier and R is the resistive head. 
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This becomes complicated as we use the true head impedance. The noise is 
no longer white noise, but is coloured by the reactive head,Figure 6.4. Generally 
we connect the headand measure the noise as a total noise Instead of trying to 
separate the various types of noise. 

We may choose a commercially available Pre Amplifier or we may design our 
own. The Fairchild ya733 is one that has desirable characteristics. Flexible 
gain, reasonable input impedance, fairly low output impedance, very good 
Common Mode Rejection Ratio and about 12 nv of noise measured in 10MHZ bandwidth. 
The amplifier bandwidth is around 70.MHZ. A variation of the pa733 design is 
the Signetics SE592. The basic difference is in the use of a pair of current 
sources instead of a single source supplying the first stage. The basic 
connection is a common emitter differential pair driving a common emitter 
second stage with shunt feedback. The output stage is common collector. 

These two commercial devices will suffice as long as the head signal is 
several mV minimum, and the head impedance is low. When lower level head 
signals are involved, then a better amplifier is needed. There is another 
connection that might be better and that is the cascode stage. Here the 
input impedance is about the same, but Miller feedback is considerably reduced. 

The shunt feedback connection does reduce the Miller feedback from that of 
a straight gain stage using a common emitter circuit. Compare these circuits 
in Figure 6.5 thru 6.7. 

The low noise is achieved by the use of transistors that have very low 
base resistance^Tib. A selection can be made based on fib, breakdown voltage 
and Fj.. If desired, the amplifier could be designed and integrated as 
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an IC using the design rules for the pertinent parameters. 

We will design several Pre Amplifiers here in order to show the method, 
considerations and procedures. 

The basic amplifier will be done first; see Figure 6.8. Simply, the 

input impedance differentially is equal to 2(Te + Rm) B CE (EQ 6.9). 

There are other considerations involving the collector, but we will ignore 

Ri 

those. The output impedance differently is 2(^=- + fe + Rm) (EQ 6.10) 

e EFi 2 2 

2 R, • D. 

The gain differentially is --- or —I—— 

2(rei + Rm^ Tej + Rmi (EQ 6.11) 


where Fe is the emitter resistance, Rm is the bonding resistance internal to 
the transistor. 

These simple equations suffice as they will give us the true value within 
a few percent. If we have chosen a transistor with sufficient Ft, then the 
bandwidth will be determined by the Miller effect and any stray capacitance. 


The Miller effect is worse if the input source resistance 


less if it is low. 

V 0 /? s 



is large and 

Ft 6 ^ 

(EQ 6.12) 

(EQ 6.13) 
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substituting and rearranging we get: 



A = 


Vo_ 

Vin 


L(R 


s_±_ 


1 

jbl 


(r e + Rm)(R l + Rs 




(EQ 6.14) 


If we allow Rs 0 then we have the case of zero input resistance which is 
close to the case of being driven by an emitter follower. 


1 

A n = MCS) 

K S 0 --- 

(Te + Rm)(R l + CS) + R L 


(EQ 6.15) 


If the frequency is raised so that 
reduces to: 



= R|_ in magnitude, then the equation 


R, 2 R, , 

A = --- = - L -* (EQ 6.16) 

(Te + Rm)(2R L ) + R l 2(re + Rm) + 1 

which indicates that the true -3db point for the zero Rs case is slightly 
lower than where jxcj = R^. 

The whole object is to show that as long as we use the circuit of Figure 6.8, 
we will not get good bandwidth even if we drive the inputs with emitter followers 
in order to reduce Rs (Figure 6.10). 


Notice also that the bandwidth reduces quickly if R^ is large. This may 
be acceptable, though, so we will finish the design. The current source and 
the dynamic range needs to be considered next. The power supply +V can be 
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determined from the current source 



= + V - 


^source 

( 7 ) 




(EQ 6.17) 


In order to get sufficient reverse bias on the collector junction, we can refer 
to the transistor plots of constant bandwidth as a function of Vqe and Iq. 
Choosing the Vqe for the best bandwidth, we only need to assure ourselves that 
the negative output signal swing which is the input signal times the gain cannot 
saturate the collector junction. 


Vn t Vl ' n max pp SE «'^source) Y+ 


A L 

/«. ■ 6 


6 


RL 




6 


and (I source )( 77 'b ) RL 

/V' 


(EQ 6.18) 

(EQ 6.19) 


If these three equations are satisfied in the worse case, we have established 
the +V level. For example, using the parameters below determine the values 
required using the circuit of Figure 6.10. 


8 

= 70 Min 

F{. @ 2.ma 

= 400 MHZ 

Cob 

= 5.PF 

Vin max 

= lO.MVfp vif( 

F sig max 

= 5.MHZ 
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First we will design for a bandwidth of at least 50 MHZ so that we have 
control of the phase over a manufacturing run. 

With an emitter follower input we can assure that Miller effect is small 


therefore the roll off is approximately when 
several capacitors in parallel^ Cob of the amp 


<d - R • 


ifier, C 


ob 


Notice that we have 
of the emmiter follower 


and some C^g of the emitter follower plus stray capacitance. 


c + = 2 c ob + c be + = 10 + 3 + 5 = 18 - 


'st 


pf 


(EQ 6.20) 


assume 20pf 


1 


Z-nfC 


(2tt)(5x10 7 )(2x10 


^r 


= 1.59xl0 2 a 


(EQ 6.21) 


Ci 




Therefore R^ cannot be greater than 150 £1 

At a current of 2.0 ma per transistor we need a current source of 4.0 ma. 
The gain of the 2nd stage is approximately 



A = re + Rm =26 + 5 = 8.333 


lOmv 

„ 8.333 = 41.665 mv pp se (EQ 6.23) 


2ma 


The V swing across the Rj_ is 

V1 v 

V RL „ ‘ ■ 

PP 



The max DC capability of the output V swing is 


(I S )(R L ) = (4.ma)(150 ) = 600.mv pp se (EQ 6.24) 
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We need about 5 volts reverse bias on the collector junction as the Vcc 
needs to be greater than 

V cc - V RL * 6V (EQ 6.25) 

V -(-0.75V) - (2.0ma)(150fl) ? 5.V 

VV 

.*. Vcc >, + 4.55V 

to allow for worse case conditons let us choose 6.0V for Vcc. 

C*ue l h'v' I'.-W'-'W. 

The output quiescent voltage is then (nominal) 


Vc 2 " V bc 3 = 6 -° v ' (2.0ma)(150n) - 0.75v = 4.95v (EQ 6.26) 


If we choose the negative supply as -6.0v then the current source if a 
resistor should be (nominal) 



l 2V be -6.0v/ 



4.0 ma 


1.125KA 


(EQ 6.27) 


Similarly we can calculate the input emitter follower resistor for a 
2.0ma current as (nominal) j> £> 

I Vbe -.MVl = Io jl 75_ jl _6 s O_I = 2.625Kfi (EQ 6.28) 

R 2 = 2.0ma 2.0ma 


The output emitter follower can only be calculated if we know the impedance 
we will be driving. Let us assume we will drive a 300n load. Our output swing 
is 41.66 mVpp. This requires that we be able to pull down the emitter voltage 
such that it can follow. , , , 
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Vo pp 


41.66 mvpp 
300 n 


0.1388 ma required. 


(EQ 6.29) 


Output capacitance will increase this value. 


We can provide this current easily with our 2.0 ma sources 


Vo - (-6V) 
2.0 ma 


4.9v _+ 6.0v 

2 0 ma = 5.45K, nominal (EQ 6.30) 


The true gain is not the 8.33 of EQ 6.22, but is modified by the two emitter 
followers. 


The gain is approximately 


Ro Re 
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READ CIRCUITS 

Let us look at the effect of the current source resistor. If there is a 


1.0 Volt pp noise signal on the input, then we would expect the output 
quiescent voltage to vary. 


It would be 


A V, 


*i>I - 


1.0V 


1.125KO 


(1502) = 0.1333 volts 


(EQ 6.33) 


Depending on the balance of the circuit we would expect some of this change 
to appear in the output as a differential signal. Assume the balance was 2% 
off then the output would contain 2% (0.1333v) or 2.666 mV noise. 

If our minimum input signal were 1.0 mV then the output would be 

V 8.059 

... N of 2~666 = 3.02:1 (EQ 6 

which is disastrous. 

Well, what can be done? There are several. One is to provide the best 
balance in both transistor parameters and resistor values, and second to make 
R^ a current source. Now the current will not vary with noise and the current 
balance is optimized. A current source is shown in Figure 6.12. 

The current source is calculated as follows: 

■Mju_ - v be 

R + R 

T - _?_ 3 


(EQ 6.35) 
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Notice the placement of the capacitor C. This is positioned in order 
to reduce noise across R, which determines the actual current. I value 
is high enough so that the lowest frequency component of noise is sufficiently 
attenuated. 

The second current source type is shown in Figure 6.12B. It is basically 
a Wilson source. 


Now we have got a very good idea of what the nominal case should be. 

We have no idea of what will happen worse case. Let us pursue this as it is a 
very important consideration. Worse case is always figured to use the various 
parameters in the direction that emphasizes the calculation in the direction 
desired. 


The minimum value of stage current (non current source version) is obtained 
by modifying EQ 6.27. (use 5% values) 


*min 


1-2 Ike max - V- min i _ /- (2)(0.80v) - (-5.7v)/ 

1181 n 


R max 
i 


= 3.471 ma instead of our desired 4.ma 


This includes the temperature effects on V 


be. 


Similarly, we can calculate the maximum current 

1-2 Vy^ min - V. max/ |-(2)(0.7v) - (-6.34v) l 


max 


'i min 


1068 !2 


(EQ 6.36) 


4.588 ma 


(EQ 6.37) 
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The output voltage variations are complex. We will take the straight 
forward case first. 


V„ ■ V_ m ,, 

o min cc mil 


= 5.70v 


max / max | *,max R, max — Vv. 


4.588 maW 300 


5 max 


1 + 300 / 1 + 300 


1570 


0.8V (EQ 6.38) 


Notice that I 3 max really depends on V Q min, therefore, the current is not the 
true maximum at all but less. We can best calculate a usable value by assuming 
a straight 2 ma for I 3 and ignoring the fact that it is worse than worse case, 
but this is acceptable. 



= 6.30v - (1.711 ma - .028)143 - 0.70v 

= 5.36v (EQ 6.40) 


There is a 0.9v difference between the two worse cases meaning that in 
manufacturing we will see this spread. 
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In actuality it is worse than this because we cannot buy discreet transistors 
with Vbe's so well matched. Let us look at the Ic current again. 

For this we need to refer to the Vbe vs. Ic curves as well as the 
spread between devices. This spread can be as great as a tenth of a volt at 
these currents. The unbalance then becomes, 

O.lv 

AI = - = 4.41 ma (EQ 6.41) 

2(26) 

Ima 

2 

This means that one transistor is drawing almost all the current and the second 
is nearly cut off - drawing only 

4.588 - 4.41 = 0.178 ma 

The amplifier is useless to us if built out of discreet transistors. Now do 
you see the advantage of doing a worse case analysis. We can modify the circuit 
to force current balance by employing two current sources of half the value and 
adding a capacitor of a suitable value between the emitter as shown in 
Figure 6.13. Now balance is restored, but at the cost of a zero and Pole in 
the gain equation (6.42) for low frequencies. 

A = r. + Rm + HI 
e cs 

= R l CS (EQ 6.42) 

C(r e + Rm) S + 1 
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The gain curves shown in Figure 6.14. 


Usually for a low voltage low current stage we do not need to worry about 
the power dissipation of the transistors, but we will calculate those values 
anyway. This combination cannot occur but it will assure us that we are safe. 


w max 


- (I 


c max) ^ce max 
4.588 ma\ I &2 max 


1 + 8 , max/ 



V ” 2 Vbe 
cc max yuc max 


4.588 ma y 82 max \ I 3 1 . 

2 A 1 + 32 max/ 1+ max) ^in 


1 


6 . 3 v + 1 . 6 v - I \ 4 ' 588 ma| [ 300] _ 2m 

301 301 


143 


= (2.286 x 10” 3 )(6.3 + 1.6 - 3.26 x 10" 1 ) = 17.314 mW (EQ 6.44) 


) 


For a transistor that has a derating factor of 1.7 mw/°c this amounts to a 


17.314 mw 
1 .7 mw /oq 


10.18° C rise 


(EQ 6.45) 


The two worst resistors are R x and R 6 . These are respectively 


(IimaxMVp max) = 


and 


max^R max) = 


( 1 2 v be min - V. max| ) 2 

R i min 


( V o max + v e max ) 2 
R 6 min 


= 22.48 mw (EQ 6.46) 


(5.36V + 6.3V ) 2 
5.177K 


= 26.26 mw 


(EQ 6.47) 
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This completes the design except for the noise. This circuit is quite noisy 
for several reasons. First the effective noise voltage source resistance rib is 
twice due to the emitter follower input r^ used to increase the bandwidth and 
the regular gain transistor input source resistance ri b . Second, the gain is 
only 8.03 which is not enough to ensure adequate Signal to Noise ratio into the 
following stages. Third, the common mode power supply rejection and common mode 
input signal rejection is very poor. All this adds up to a poor choice. Some 
degree of immunity can be achieved by using transistors that have lower Cob and 
using current sources and an emitter capacitor. These 3 changes improve the 
design and permit higher gain. The capacitor could be eliminated if the circuit 
wer e integrated where Vbe matching is typically better than 5.mv. 

A much better circuit is the cascode amplifier. We will discuss this 
next. It is easily integrated. 

Transistors 5 and 6 are the current scources. The current is fixed by 
R 2 and R 3 with Ri. Transistors 3 and 4 is the first stage. Its emitter 
feedback is thru C and its load is r e of transistors 1 and 2. Then transistors 
1 and 2 provide the gain where their load is Ri« and Rs. The output stage is 
transistor7and 8. 

The advantage of this circuit is that the gain of the first stage is one, 
therefore. Miller capacitance is only 2(Cob). This devise can be made large 
in order to ensure r^b is small therefore low noise. Bandwidth is determined 
by Ri, and Cob of transistors 1 or 2 and these can be made small in order to 
reduce Cob. 

Let us proceed as we did before and start with the value of Ri* and R 5 . 


From 2N918 transistor data. 
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l*9pf ^.v 

1.2 GHZ 

(EQ 6.48) 

2tt FtwfCobi + Cob 7 + C 5 ) 


Tl , 2 Cob = 
F* = 


50. MHZ ( 2tt ) (1.9 + 1.9 + 3) pf (5xl0 7 ) (2 tt) ( 6 . 8 xlO n2 ) = 4.68xlO z ft 


use 450 Rl nominal. 


Gain Ai = 


450 


fe i + S 5ft 


25 nominal 


(EQ 6.49) 


2 ma 


Gain A 3 = - ei+ ^ i 
r e2 + Rm 2 


26 

2+5 
26 + 5 
2 


1.000 


(EQ 6.50) 


Therefore the total gain is (25)(1) for the same bandwidth. 

Next we will calculate the current sources for 2.0 ma each using our ± 6 V 
power supplies letting R 2 and R 3 = 500ft each. 

VsjRj. 2 (2ma ) R 2 R^ 

, - v be 

- (EQ 6.51) 


R2^ R 3 8+1 R 2 + R 3 


2.0 ma 


I " 1 • (*T)M - •-»> 


2 x 10 


-3 


_ 3 


3 - 6.622x10" - 0.75 


= 1.12Kft 


2xl0 -3 
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Notice the effect of the R 2 R 3 network as a result of base current; it 
reduces the effective base voltage. This is why we used 500fleach. If we 
chose a value to save current then the loss could be substantial in the worse 
case analysis. 


The output voltage, T becomes an interesting function of all the series 

/ 

bases and the output base. 


- MIr,)(1 - (3-1) - V 


'CC " t ' 4V x Ri 


8 + 1 


be. 


= 6 V - 450(2.Oma)(l - _2_ - 0.75v = 4.362 Volts (EQ 6.52) 

151 


The value of R 7 _ 8 for the same 2 ma of current simply is. 


V. +.v„ 4.36 + 6.0v 

R 7 = ——-- = - = 5.18K(EQ 6.53) 

2 .ma 2 . 0 ma 


And lastly, the value of Re should be such that the variations in base current 
of T x jand 2 do not disturb the voltage. 

Choose I,j 0 f 6 ma then 

V_ r - 2 Vh 6.0v - 1.6v 

Re = —-= - = 733 ft (EQ 6.54) 

6 .ma 6 .ma 



Now we could look at the bandwidth of the first stage collector. 
1 the C effective is = 

(1 + A)Cob = (1 + l)Cob = 2 Cob = 2(5 pf ) = 10. pf 


Since 


(EQ 6.55) 
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or not worth bothering about except for the effect on the imput impedance Is. 
For a 5 MHZ signal into our head circuit, we get the following due to the 
differential connection. 


If we choose a typical head with L h = 10 yh, C^ = 10. p f and Cob = 5 p f, 
we can calculate R. 

1 _1 _ 1 

ZJ - 2 ^ n .*. R C t 2^W n and W n = ~^T=^ 

_ 1 _ 

Wn = “V(10” 5 H)(1.5xl0~ u F) = 8.165 x 10 7 rad (EQ 6.56) 


(1.5xl0" u )(2)(.707)(8.165xl0 7 ) 


577. n 


(EQ 6.57) 


At 5.0 MHZ this then becomes an attenuator a of the input circuit. 


(R) (-.IXc) 
a = R - jXc 

X + MjJKc) 

L R-jKc 


(577H-j2.122K) 

577 - J2.122K 
314 + (577 j(- j _2. 122K) _ 
577.- j 2.122K 


= 0.644 




48 




(EQ 6. 


where X, 


I 


2tt( 5 MHZ)(Ch + 2 Cob) 

2 


= 2.122Kft 


2 tt (5 MHZ) (lO.yu h) = 3.14xl0 2 fi 


This value of attenuation is better than the case where Miller effect 
is large which in turn both lowers the resistor value to keep the same, but 
also increases the capacitance which worsens the attenuation. 


58) 
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We could complete the design by doing a worse case analysis for gain, V 0 , 
Power dissipation, and dynamic range, but we have already done that. The use 
of the cascode stage only adds a slight complication yet permits a low noise 
design. 

The amplifier noise contribution can be calculated from the following 
equation: 

V "a diff = 2 [(4kT B w )(r ib + 2 ^i) + 4 Z s ^ I C B W (EQ 6.59) 

where K is Boltzman's constant, T is the temperature in °Kelvin, Bw is the 

Bandwidth of interest, r-. is the base resistance (base thermal noise), 

J_ b 1_ 

gm = r e is the collector transconductance (zgm is the collector shot noise), 

Z 5 is the Head impedance, o, is the charge on the electron, I c the collector 
_1 . 1 
current, B the Base current shot noise, and 3 i! (F) the collector current 

noise. The function of frequency is that obtained from the usual noise - 

frequency curves. If the amplifier bandwidth is much higher than the frequency 

of interest, we can use the value of B 2 unmodified. We will address this again. 

Lastly, we should consider the two commercially available amplifiers. 

In using these amplifiers great care should be exercised in adhering to the 
specifications. For example, to rely on the typical specifications is to 
invite trouble during a manufacturing run. As is done in worse case analysis 
we use the parameter in the direction that accentuates the result. When using 
the y^733C, the gain at the 400 setting can be anywhere between 250 and 600. 

To calculate the worse case for a minimum input signal we would use the gain 
of 250 and when doing the maximum input case we use the maximum gain of 600. 

Now we know what our true output variations will be. These then should be 
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considered against S/N ratios for the low gain low input case and against the 


linearity specifications for the high gain high input case* Assume our minimum 
input signal is 0.5 mV pp diff, and our maximum signal 1s/5C5 mV pp dif1> The 
S/N ratio is calculated from the input noise data. But the manual onl^gives 
a typical value. We could guess that this value might vary * 6db and use\that in 
our equations. / 

First we must covert the 0.5 mVpp diff to RMS diff by dividing by, Hr 


to give l-lbi xlO _v V RMS diff 


the S/N = 


/«7*7 xlO" v V 


rms diff 


= 7 .? 


(2)(1.2xl0 _5 V rms diff) 


in db it is 20 log = /7.?**<*db 


( /' 


rv l f 


)h%7 c ^ 


<rO 


(EQ 6.60) 


^ / r 


(EQ 6.61) 


This value is very low, therefore, another devise is indicated that has 
a lower noise or a narrower bandwidth of interest. Similarly for the linearity 
case. 

< v sig max>< A max’ = C5.5 mV)(60°) = 3.5 V ppdjff . (EQ 6.62) 

This value exceeds the minimum output voltage swing into a differential load of 
2.KJ2 by 0.3V. Again the devise is not suitable. Now these two examples were 
only given to emphasize the parameters of interest that we should concern 
ourselves with. As long as we use these parts within their specifications 
we are assured of good performance. 

What is the value of input signal t hat guarantees 30db S/N at 10 MH Bandwidth? 

Vin min = (2)(antilog |£)( 1.2x10"^) (2)(/F ) = 2-i^ mV pp diff (EQ 6.63) 
PP 20 
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A 

,If we restricted our Bandwidth of interest to 5 MHZ then we could use 

signals theV^ lower or 1-rn mVpp. 

■'h 

* -- : - 

/\ ^ / Bw of interest 

, vt, V Bw given 

KC 

Another parameter that requires attention is the offset. At the 400 gain 
setting^the maximum output offset is 1.5 V which must be subtracted from the 
dynamic range as published as output voltage swing. Going back to our example, 
what is the maximum input signal that we can accept and still use the devise at 
this gain. 

Vin max = Jl _ v offea t- m a xi = ( . 3 . - 0V p P - = 2.501% (EQ 6.65) 

pp A max 600 

From what we have discussed then for a 30 db S/N we need 2‘iu mVpp min 
to input, from the maximum input we are limited to only 2.50 mV or 
7 'oo dose for the restrictions we have placed on the circuit. 

Lets look at this again for a gain of 100. Again the noise of EQ 6.63 
holds. The Vin pp max needs to be calculated at the new gain using EQ 6.65. 


•Y 


5. MHZ 
10.MHZ 


0.707 


1 

VT 


(EQ 6.64) 


Vin pp max 


3.0 V pp - 1.5V 
110 


BT mV^ 


(EQ 6.66) 


which is much more sensible. Now we have at our disposal a dynamic range of 
2-/V- mV to mV that is guaranteed to meet our specifications. 

When using the SE 592 there is some improvement in the specification 
for offset. This is due to the dual current sources used in the input stage. 
This can be taken advantage of to increase the input dynamic range from 
the last example to: 
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Viripp max 

We will need this feature in a later chapter when we are dealing with 
considerable offsets at the input. 

Some improvement in the output swing at lower than 2K output loads can 
be achieved on both devices by providing more pulldown current at the output 
emitter followers. This must only be done within the limitations of the 
output emitter followers current handling capability, the alteration of the 
quiescent operating point due to the increased base current requirement and 
the power dissipation increase. This output pulldown current can be supplied 
either from a pair of resistors connected to the negative supply pin or 
from a pair of current sources. 

These two devices then when used within their specifications can perform 
quite well as preamplifiers. 

One added feature of the SE 592 is in its use of external feedback 
elements that can perform network filter functions. 

A second requirement for the pre amplifier function is to interface 
with the following functions. If the pre amplifier. Read, and following 
amplifiers are very close then the emitter followers provided in all the 
examples given so far will suffice to isolate the collector load from 
any following capacitance which is its purpose. 

In most cases however the pre amplifier is mounted close to the head and 
any head moving mechanism such as actuators, linear motors, etc. In these 

cases the output emitter follower is not adequate to drive any intervening 
cable. 


■ 3 -0 .. - 0.75 | . 20.45 mV DD diff 
110 ' pp 


(EQ 6.67) 
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For example, If we expect a 3.0 V less offset pp differential signal 
maximum, and we want to drive this into a 92 ft or 50ft coaxial cable pair, each 
cable must carry a 1.5V pp SE less offset/2 signal. At 92ft Z e terminated at 
one end we need a current drive capability of over * 8 ma. For best linearity 
an emitter follower should have over 10.ma current load. This can be provided 
by a second emitter follower capacitively coupled to the cable. A transistor 
should be chosen to handle the voltage, current and power dissipation. The 
function can also be provided by a common emitter amplifier with the collector 
loads equal to the cable impedance. Both circuits are shown in Figure 6.17A 

and B. .'v 

\ ' H 

5 V 

In Figure 6.17A we need to provide a 92ft coaxial cable with a maximum 
of 1.5V pp SE signal. (Use 5% tolerances) (EQ 6.68) 

V t rfdc min " v be max + I V-Jmin 2.0V - 0.80/+ 6.7V 


'E max 


^pp max 


M 

1 mi n 
0 


1.5 V 
87.4-v 


= 402 ft max 


tc allow some margin for linearity we need about 10% less or about 360.ft max. 
The value of C needs to be large enough to handle the lowest frequency F^ of 
interest without attenuation 


lQ> 


"min 


(2’0M( f lHZ o ) 


(EQ 6.69) 
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The maximum power dissipation in the transistor is 


w max = I 1 + B max )V be + V + max - Vin min (I E )I 1+Bmax l ( EQ 6.70) 


and I, 


Vin min - V ho max + |V -{max 
% min 


(EQ 6.71) 


substituting we get 


w max 


_i 

+ 300 1 


0.80V + 6.3V 


2.0V - 0.8V + 6.3V 300 


324ft 


,1 + 300 


117.7 mW 


with a T018 can transistor with 1.7 mW/°c thermal transonductance 


we would get a 117.7 mv 

1.7 mw/°c 


= 69.2° C rise at the junction. 


(EQ 6.72) 


(EQ 6.73, 


The second circuit. Figure 6.17B is designed as follows: 


The single current source required needs to supply, 
for Tfng gffEy). \ • V 


*s mi n * * * 


in pp max 
Z 0 ft mi n , 


18.8 ma min 


(EQ 6.74) 


If this current source were a resistor to + 6v and Vin were +3.0 V max then 
that resistor would be 


V+ min - Vin max + V b e max 
18.8 ma 


5.7v - 3.0v + 0.8v 
18.8 ma 


= 186.1 n 


(EQ 6.75) 


The true resistor will be 5% less or 176.8ft 
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We had best use a current source and we would get better results for 
CMR performance. 

We next need to calculate the resistor Rg. If we design for a gain for 
the stage of 1 R0M then 

Rm + r e + R = Z Rg = 92fi - — - 5 n = 85.7fl (EQ 6.76) 

. nom 20.ma 

i h 

Notice that we could ignore r e + Rm as they are small compared to R E . If we 
did we would only be off a few percent. 

The same stage could be designed with two current sources of half value 
with a single resistor of 2 Rg between them and still get the same DC and AC 
results. But if the current were supplied by resistors, then the gain equation 
is modified and the CMRR would be considerably degraded. 

We next need to verify that the transistors will not be saturated. If 
we had a 3.0V min input DC and a 1.5V max AC pp signal ^ then the base will 
be 

V D C min - V AC SE . m _ a j c - = 3>0 V _ = 2 .25V min (eq 6.77) 

The collector swing is the maximum current times the Z 0 max or 

(20.0 ma)(96.6n ) = 1.93V (EQ 6.78) 

this leaves us 2.25V - 1.93V = 0.32V of margin worse case. 
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If we were to use the ya 733 or SE 592 the Vinpc would range from 2.4 
to 3.4 volts so some restrictions would need to be placed on the maximum 
output V swing to avoid collector saturation worse case. 

If we used 5011 coax cable all the currents would need to be increased 
accordingly. /»<-&> m*■■ c*gc* *r &,r» i*****rr 

A»p CA,/v A.esur*As <*«***"-'• (.Hi f,£ L‘7 0 *> *”•*) 

A better cable is a twinaxial cable. It consists of a shielded 
twisted pair with good control of Z 0 . The impedance is listed as ohms 
differential. For our 92ft coax case, they could be replaced with a 184ft 
twinax cable with all the equations for current remaining the same as 184ft 
differential equals 92ft single ended. Normal twisted pair is around 125ft 
requiring increased driving currents for the same signal swing. The 1 Q of 
the calculations is h the Z 0 of twinax cable. &^) 

We will leave this exercise up to the student to worse case the design. 

The main benefit of twinaxial cable is its inherent balance. This is required 
for phase balance as well as amplitude balance which maintains the Common 
Mode Rejection of the system while reducing noise pick up. 
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A separate series of preamplifiers are used in the tape drive industry. 

None are presently used in the disc drive industry, although some thought has 
been given to their use. The preamplifiers considered are the corranon base type. 
This type can be made true differential by driving the centertap with a single 
current source or by capacitive coupling and a pair of current sources. The 
interposition of the diode matrix forces this type of coupling due to the large 
offset voltages. 

Figure 6.18 A thru C show variations of the same basic type. The gain of 
these stages is not much different from the gain equations previously given. 

We will develop this equation. 

XRq is the total number of series diodes that would be used if a matrix 
were required. It is for this reason that this type of Preamplifier is not 
used in the disc drive industry. Also the noise contribution of each diode 
should be taken into account. The gain is a function of the head impedance. 
Whereas the attenuation of the head circuit was previously considered, it now 
shows up in the total gain of the amplifier. 

Deriving the gain equation as EQ 6.79, we can see the total effect. We 
will not include a damping resistor as we do not need it because the amplifier 
load is high (2r g ). From Figure 6.19 we get: 


< 



cL ± 

O 




y^2 

c~5 <?T _ \ 

J 


(EQ 6.79) 


JLm. f?r - Ufa* 2r< - 


L 


w 




(A/ 




_ _ 

k 7 lc ( 5 % 



(EQ 6.80) 


fi-rLCS" 4 LS + «T 
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which becomes in the standard form: 
/ 

V 5 it ft* 


•'IKJi 




Viy») _ 

T~+ Zs~) 


(EQ 6.81) 


to" Vo= 1 ^ C "(0 °< 


u tt 


,\ 


Vo 


0<» - 


Z -U/S ^ 


ft, . 2 / R, + 2U - z(rx, * ?<) 


We could cancel out the two's then to get 


A 


if) 


^X£ p + s^-t- 2 .!**•$+ ^"J 


(EQ 6.82) 


(EQ 6.83) 


(EQ 6.84) 


which would be the single ended gain which is the same as the differential gain. 

Since 2^W n - we can see the effect of the series diodes and the 

input resistance 2r e of the amplifier on the gain. The gain is inversely 
proportional to the matrix diodes added. 

If we were to damp the circuit for a zeta of .707 for maximally flat 
current input and/or gain as a function of frequency we would need 


a 


JMp r 0 uc - 


(EQ 6.85) 


If we had a lOjjh head with 25.PF capacitive load, we would require 


*r 


. - $r - H 

/O ♦ 2-Sr.io 


^T ~ \'VIV (Z' 9K(0~") 


- <+ ' V 7 X (o 


(EQ 6.86) 


Obviously this would cut down the gain available considerably. 
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If we restricted ourselves to ^ + ^ then 

the Bode plot as shown in Figure 6.20 is obtained. 





y 


(EQ 6.87) 



/■rZit'o 


9 


c- r 2 <*<* ** 




(EQ 6.88) 


The significance of all this is that for signals of interest between the 
corners we have a 6 db/octave gain reduction. It might be of interest to 
compare the gain equation if there were no capacitor. f'f t'***,* 


2. R l <X 


- 2 Ru °< - / S + 1 + 2 fe 




t rn r nr\\ 




The Bode plot as shown in Figure 6.2| has only one pole located at L/Rj. 

For our 10 yh head with 2(26)^ series resistance it would be located at 
5.2X10 6 radians or 8.27X10 5 Hz. The addition of the capacitance then makes 
a considerable difference in the plot. 

The advantages of such an amplifier, of course, is the reduction of 
noise. This is achieved from two sources -- first the reduction in bandwidth, 
and second the very low input impedance lowers the electrostatic noise field 
interference, but it does worsen the electromagnetic noise interference. 
Shielding and twisted cable will then help. We will discuss the bandwidth 
effects at a later time. 




MATRIX. CIRCUITS 


As shown in the Block Diagram, Figure 5.1, when more than one head is 
to be used alternately, or non simultaneously, then some means must be provided 
to electrically separate the heads both during writing and during reading. 

Early machines accomplished this function by the use of centertapped heads 
and a diode or diode transistor network. 

First let us discuss the write separation function. 

In Figure 7.1A two heads are to be electrically separated by the use of 
diodes. Current flow is from the PNP transistor Tj emitter-collector to the 
head centertap, thru 1/2 the head winding, the series diode, the conducting 
Write Driver transistor and out the current source, I source. The reversed 
voltages and diode polarities are used for the PNP version of Figure 7.IB. 
Again, as discussed in Chapter 6 on Write Drivers, collector saturation is 
avoided by providing a sufficient voltage on Vin or vTrf to allow for the 
transient, but now also the transistor T, V C £ sat and the diode drop. The diode 
direction is in the direction of current flow when writing so unless some 
means of reverse biasing them is provided the capacitance of the parallel heads 
is still connected during the transient. Resistor* R are added to reverse bias 
these diodes when the centertap transistor is cut off. The voltage chosen must 
exceed the transient. When calculating transistor current this extra Resistor 
current must be added. The reverse bias voltage must be greater than the 
transient voltage peak value. Figure 7.2 A and B show the relationships. 

Figure 7.2 B is a good way to visualize the various bias drops required 
to maintain linearity. The transients in both the negative and positive 
direction are compatible with the diode polarity; therefore, there need 
only be one damping resistor for all the heads, provided they are all the 
same, of course. See Figure 7.2C. The capacitance of the head is increased 
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MATRIX CIRCUITS 


as expected as a function of the capacitance of the reversed biased diodes 
and any parallel capacitance. This is shown in Figure 7.3. Looking at only one 
side for convenience, we see that the 2 (head capacitance) becomes. 


ZC T 


Z G, 4* Cuj t ^ Cut j *4 


+ 2-CStXC*'* 

(Cp t 4 2C*^ 

TcTXcTT *Tc7) ~ ~ 

——:- 4 Cw v +■ tr* 

Cp + Cvt + 2 C 


(EQ. 7.1) 


As we look at the matrix and lump together some of the wiring capacitances 
Cwi_ 4 then we can write a new equation. 


zc T 


ZCi + 


Cp + 2 C t. 


(EQ. 7.2) 


This is handy because we can now address the case where there are more than 
two heads that are separated by the matrix circuits. It is obvious that 
just adding more and more heads in parallel will just increase the capacitance 
and thus lower Wn which slows down the rise time. If we can mal-ts the matrix 
two level, meaning that we group the heads into subgroups and then connect 
them to the write driver thru a second diode, we can take advantage of this 
series parallel network to reduce the capacitance. The general equation 
becomes EQ 7.3 if there are B branches of X sub branches making a total 
of X*B = N heads. 


c T - za + 


ZU-+ Cj> 


r x (* c *X Cp ) 

_ ZCh + Cp m 



x (zCkX c > ) + 

2. Ck + Cp 


(EQ. 7.3) 


It is easy to see that this equation can be minimized as a function of X 
and B if we substitute as the equivalent of 2 and C D in series. 
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ZCt - ZCs + + 


XCe +-G V ' 


(EQ 7.4) 


For example let X * B = N heads . 


N 

X = B 


2 C T -20 


= 


'/V 


Ce G 


fo ♦ & 



(EQ 7.5) 


This equation can then be solved for the desired number of heads as a function 
of the two groups which will minimize the head capacitance. Each head's 
centertap has its own transistor and reverse biasing resistor. These transistors 
can then be controlled by a decoder operating from a register. The input base 
level must be corrected for the transistor emitter voltage chosen. In the 
example this voltage is ground; therefore, the bases will need to be driven 
negative. 


Figure 7.5A shows one method of interfacing T 2 L logic blocks. Ground is 
the best level to return the head to because of the noise usually on the supply 
voltages. Other configurations are possible that use some reference voltage 
as long as that reference is quiet electrically. The extra series diodes, 
are considered when making up the bias diagram for the total circuit. This 
includes the select transistor, all series diodes, any head resistance, the maxi¬ 
mum voltage transient (in one direction), any required reverse bias of the 
Write Drivers, and lastly the variation in base voltage from the Pre Driver 
Circuit. 


The type of diode chosen depends on the write current. Usually a high 
conductance diode with as low a Cp as possible is best. Also, the leakage 
current when reversed biased is very essential as it affects noise in the 
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network during a read which will be discussed next. A IN4448 diode serves 
well in this position if the reverse leakage is specified. 

The second function of the Matrix is to connect the selected head to the 
Pre Amplifier as well as block the large voltage swings of the write function 
from damaging or disturbing the-Pre Amplifier. This function is not so 
straight forward as was the circuit for isolation during write. 

Consider the circuit of Figure 7.6A. The nodes A and B can be called the 
main nodes. Branching off from the main node is the Write Driver circuit 
isolated with a pair of diodes, Di and D 2 . The Write Driver circuit also 
includes the Write Damping network. It should be noted that current flow from 
the reverse bias source Ri thru the centertapped write damping resistor sub¬ 
tracts from the write current as seen by the head. This reverse bias is 
necessary in order to isolate both the Write Driver capacitance and the Write 
Damping resistors from affecting the read function. It can now be seen that 
any leakage in any reverse biased diode will affect the read signal. The 
problem with reading is that the read signal is A.C.t therefore, using diodes 
not only would form a half wave rectifier but silicon diodes would not even 
conduct. One way this can be accomplished is to force a small current thru 
the head and diodes such that they form a conducting path to the Pre Amplifier. 
The currents for both halfs of the head cancel their flux therefore the data is 
not disturbed magnetically. About 2.0 ma is necessary in order to adequately 
forward bias the diodes to a sufficiently low series resistance. The Head 
AC signal now modulates this current which passes the signal to the Pre Amplifier. 
Resistors R 2 and R 3 are tied to a negative voltage in this example to supply 
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the desired current. The DC voltage at this node is equal to 


Mce fAT T ) + x V> = V c = 


(EQ 7.6) 


wHtife 


V/ — Vci s*r l — l/c 


• - 


(EQ 7.7) 


When writing the head voltage transient as given in EQ 5.23 needs to be 
blocked by Diodes Da and D 4 therefore, R 4 is included to provide the reverse 
bias. This then means that when writing the Pre Amplifier sees -V on its input. 
This may not be desirable particularly for some commercial types. The circuit 
is modified as shown in Figure 7.6B to add another pair of Diodes D 5 and D 6 
to block the large write transient blocking voltage. Another pair of resistors 
now need to be added to supply current thru D s and D 6 when reading to forward 
bias them. Also yet another pair of diodes need to be added to clamp this 
voltage when writing to a value tolerated by the Pre Amplifier. 

The current flows are now much more complicated. The extra current D 5 
and D 6 needs to be supplied thru R 2 and R 3 - This current splits between 
Ds and Da as also D 4 and D 6 . 


We can come close to the real currents as we assume that the diode drops 
are referenced to the head centertap voltage as shown in EQ 7.8 to the 
Pre Amplifier input. 


v,„ w 1 ^ 


(EQ 7.8) 


- ( Vce> * T 4 


wtfinS J biA j - 2 

recognizing that we want the current to split at this point. 


(EQ 7.9) 
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Now we can make the Resistor Rs equal to 



1 


(EQ 7.10) 


All this assumes that the V D drops are equal which is of course not true. 

These errors will show up as a small unbalance in current in the head as well 
as an imbalance in voltage at the Pre Amplifier inputs. This latter is disastrous 
as these voltages are usually several tenths of a volt which the Pre Amp cannot 
handle without saturating. Going back to the Pre Amplifier circuit of Figure 6.13 
and Figure 6.15 or Figure 6.6, we can see a solution. The coupling capacitor 
in the emitter feedback path effectively isolates the two input mismatches. 

All we are left with is a small differential unbalance due to the unequal 
attentuation thru the diodes. This affects the Common Mode Rejection Ratio 
of the amplifier which needs to be high. The function of Read Damping is 
accomplished either thru the network or by the addition of another resistor 
across the output terminals. This is necessary due to the different value of 
Zeta between Read and Write. A better position would be across the main node. 

This way the attenuation is lessened. The resistor value for Read Damping is 
higher than for write damping? therefore, we can leave the Read Damping across 
the main node for both Read and Write and make the Write Damping resistor for 
the parallel function to get the lower value required (See Figure 7.8). 

The attenuation of the head signal is calculated from three simultaneous 


equations. 

ft 3 

^ — C t ^^h "F t-S +■ ftp +* J — ^ V 


(EQ 7.11) 
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(EQ 7.12) 
(EQ 7.13) 
(EQ 7.14) 


From the above it can easily be seen that if the Read Damping resistor were in 
place of Rs and Re then its necessary low value would greatly attenuate the read 
signal. As it is, only one pair of diodes cause the main attenuation. All 
following attenuation is small, (R 2 + R 3 and R 5 + R 6 ), if the bias voltages are 
high enough. 

We know the Pre Amplifier input voltage from EQ 7.8 and 7.9 is the Reading 

input voltage. When writing the input voltage is clamped by diodes D 7 and D 8 . 
The input voltage during write then is V D . This is common mode and is about 

-0.7 Volts. It can now be seen that when switching from Read to Write and from 

Write to Read the amplifier input voltage common mode goes from +0.7 volts to 

-0.7 volts or a 1.4^change. As long as these voltages are true common mode, 

the amplifier sees no transient, but due to the tolerances previously mentioned, 

some difference remains which forces large step changes in input voltage. These 

must be amplified for the duration of the time constants involved. The case 

where the Pre Amplifier is driven by current sources is easily calculated. 
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(EQ 7.15) 
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The actual transient time is slightly longer due to the conduction of the 
previously cut-off transistor during the last portion of the transient 
(about 0.1 volt). We can calculate in the worse case by assuming all 

diodes in the upper half of the matrix have high voltage drops and all the 
diodes in the lower half have low voltage drops for similar currents. Also 
we can take the tolerances in the resistors in such a direction to accentuate 
the problem. 


AV.,, -- _ s ~ 3V, 


'p,ff ' 'PnA* / , ^ V ( ) 

The associated time must be accounted for in any selection process. 


(EQ 7.16) 


In the multi level matrix the equations for attentuation and AVj-jff need 
to be modified to include the extra levels of diodes or diode drops. 

For a two level matrix as shown in Figure 7.4, for example. Equation 


8 is modified as 

in EQ 7.17. 



Vfc,, = 

+ 2 ^ *■ Vp ’ ~ 

+ /<(+ 1/ 

(EQ 7.17) 

bL A V 

_ _ . «■/•«■/ '' 

2'tv 

(EQ 7.18) 

A V„, ff 

- 4- V p „„ t *+ Vp ' 


(EQ 7.19) 


similarly we must double both left hand Rqi s of Figure 7.8 to get the 
attenuation. 


As can be imagined, the losses in these networks are substantial. Also, 
the noise induced by the diode noise and the reduction in Common Mode Rejection 
play a heavy role in reducing the signal to noise ratio. Obviously, such 
methods can only be used if the head signal is large compared to the total 

system noise. 
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A further problem is that the write transients are not completely 
blocked from the Pre Amplifier. If we replace the reversed biased diodes 
leading to the Pre Amplifier by capacitors we can easily see how the Pre 
Amplifier is overdriven. /«e Cij 7 .to. 

If Rp and Rq are about 10ft, the transient is simply 

trb.n}Ht,C 


If we assume the fundamental frequency component of the transient is 
5MHz then the signal transferred is 




-7 0.0 “fr •>' 
lo- j 


Z'2o ~ V/ (EQ 7.21) 


These matrices can be inverted polarity wise by using NPN write drivers, 
reversing all diodes and bias voltages, including the Read Select transistor 
network feeding R 2 and R 3 . 

A much better method is to provide a separate Pre Amplifier and Write 
Driver for each head. This has been done in several disc drives since 1977 
to great advantage. By mounting an IC containing these circuits on the head 
or near it most stray capacitances are reduced, common mode unbalances are 
eliminated and stray field pick up is reduced. Modern Integrated circuitry 
can perform this function for several heads at once when properly addressed. 

A general circuit is shown in Figure 7.//. 
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The current source can be switched on and off for writing. When reading 
the Pre Amplifier can be activated by biasing. Immediately we can see one 
problem and that is that the write transient is seen by the Pre Amplifier bases. 
Depending on the head inductance and the required write current, this voltage 
breaks down the base emitter junctions as one is forward biased and the other 
is zenered which reverses on the next transient. For integrated circuits there 
are two detrimental results depending on the circuit values. 

Zenering an emitter - base junction causes low current 6 to be degraded. 
This is of little consequence if we use higher currents to bias the first stage 
of the amplifier, usually above 0.5 ma. The second effect is when the forward 
biased base-emitter junction conducts it effectively saturates the associated 
transistor which turns on a substrate PNP transistor altering the biases. This 
latter effect is eliminated if the transient duration is small compared to the 
turn on time of the substrate PNP. 

When more than one head is serviced from the same integrated circuit, 
the multiflexing function is achieved by appropriately shifting the biases 
to favor the selected circuit. For example, the write drivers can all be 
in parallel from the same current sources but the base drive can be raised 
a few volts for the selected write driver while the remainder are held, thus 
cutting them off, or the current sources can be switched separately. The 
Pre Amplifier is easily selected if the first stage is our favorite cascode 
circuit. Here each head is connected to its own first half of a cascode 
amplifier with its own switched current source. The other stages are fa.rra.utd 
to this node with the upper half being a single circuit serving all. 
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When designing such an IC, great care should be exercised in considering internal 
biases and power dissipation. Figure 7.11 shows a typical circuit presently 
used for centertapped heads. By proper consideration many IC's can be paralled 
to address many heads by using parallel circuitry and address lines. 

We might profitably consider the serial time required by these multiflexed 
circuits when handling data. Before the first transition can be recorded, the 
write current source must be turned on and the current built up to final value 
in the head. This is typically about 100 ns or more. fc^'^when going from 
writing to reading we must turn off the write current source, turn on the Read 
bias circuits, recover the Pre Amplifier from the select transient back to the 
base line and include any following AC coupling in later circuits. Then times 
can be as great as 5 - 30ys depending on circuit bandwidths. 
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This chapter Is included at this point in the presentation because we now 
have completed all the basic circuits that interface with the head. The subject 
of safety has to do with the recorded data that resides on the disc or tape. 

Since this data represents the accumulated efforts of some programmer or computer 
operator then every means must be taken to assure the user that their data is 
not disturbed due to any malfunction of the circuits themselves. Of course, 
no amount of checking can protect any data if the machine receives a valid 
command to write even if it was intended or not. We will confine ourselves 
to only those malfunctions that are invalid or a result of component failure. 

There are several checks that will indicate a possible endangering of data. 
They are: 

1. Write Current and no Write Command 

2. Write Command and no Write Current 

3. Write Command and no Write Data 

4. Write Current during a protected data field 

5. Write Current and not directly over the assigned track 

6 . Write Command and a Read Command simultaneously 

7. More than one head selected at once (serial machines) 

8 . Open heads 

9. Shorted heads 

10. Centertap Current Sense 

We will discuss each of these and propose circuits that can be used to sense 
the failure. 

1. Write Current and No Write Command 

If a circuit is provided that senses the presence of write current 
the output can be 'anded' with a signal indicating no command is present. 

The sensing circuit depends on the type of head that is used and also the type 
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of write driver chosen. For two terminal heads driven by saturated switches 
similar to that shown in Figure 5.4, we have several choices. We could monitor 
the current drawn from the +V supply by providing a single series resistor. 

Then thru the use of a suitably biased comparator any current exceeding an 
acceptable value could be indicated. The problem of sensitivity could be 
overcome by using a high valued resistor in parallel with a diode as shown in 
Figure 8.1A. 

With this circuit the V+ line previously used to calculate the Write 
Currents must be modified to subtract one Vbe drop during operation. Sensi¬ 
tivity can now be made as high as needed within the bias and common mode 
requirements of the comparator. If no appropriately higher voltage is available 
to operate the comparator a current mirror could be used that makes use of the 
.diode as a reference as shown in Figure 8.IB. Here the current mirror is not 
a true mirror due to the differences in V D and Vbe of the two descrete devices, 
but sufficient current can be guaranteed to operate the following logic block. 
These circuits could be used with almost all of the write drivers shown in 
Chapter 7. The complimentary pair driver of Figure 5.1 would need two, one 
for each source or the emitter voltage itself could be monitored. 

With Current Source driven Write Drivers, the Write Driver emitter 
circuit could be monitored if a small modification is included. This circuit 
type is shown in Figure 8.2. Diode Dj is added to isolate the emitters from the 
+V voltage expected on the collectors of the Current Source. Again, a comparator 
is made to sense if this voltage ever goes negative by 2 diode drops or less 
below the Write Driver bases. Note that the current thru Rj and Rg must be 
appropriately subtracted from the current source current value. The reference 
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could be the voltage between the two bases itself which will reduce the worse 
case calculations. The fact that the base voltages will move up and down with 
data normally is cancelled out by the 'difference' connection shown dotted Rv- 
R3. Feedback could be applied around the comparator (operational amplifier )fa 
if desired. The logic signal resulting from sensing the current can now be 
'anded' with the Not-Write command to indicate the unsafe condition. A timing . 
problem now exists that needs addressing. The response time of the current 
source to the Write Command will be slow on both edges as also the response of 
the sense curcuit. We are interested / in this safety circuit y if there is write 
current without a Write Command. When the Write goes off the combined delays 
of the Write Current Source and the sense circuit will indicate write current 
well past the trailing edge of the Write Command. This false response needs to 
be blocked while maintaining the basic function. A simple circuit using a 
T 2 L or DTL logic AND or NAND / Figure 8'.3 can cover most delays encountered. The 
sensitivity of T 2 L circuits to slow edges is of no concern due to the use of 
latches following that hold the fault information. 

Similar circuits can be devised using other logic families. In this 
circuit we take advantage of the construction of a T 2 L gate, or a DTL gate. 

If either input A or B of Figure 8.3B are low all current is removed from the 
input circuit with none left for the following transistor. When both go high, 
the the capacitor receives the current until the voltage rises such that the 
transistor turns on thus initiating a delay in the response of the AND/NAND 
function. When either A or B go low in response to the eventual fall of the 
write sense line the capacitor discharges thru Rl. When designing for a certain 
delay the tolerances of Rb and the diode drops and transistor base turn on 
voltages must be considered. The resistor R6 typically has tolerances of t 25%. 
The delay time becomes close to the following equations when solved for T. 
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If we take the inverse Laplace of the last two equations and solve for T, 
we have the maximum and minimum delays. 
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(EQ 8.6) 





(EQ 8.7) 


With the above circuit, all we need to guarantee is that the maximum time 
of the write sense current remaining high and the minimum delay do not overlap. 
If we used this fault signal to shut off faulty write current directly without 
the latch then the circuit would oscillate. To see why we need only consider 
that if faulty current is sensed correctly which shuts off- the current then the 
'sense' will drop after some delay which then permits the faulty current and 
its following sense to return. All this repeats. Latching the fault indication 
prevents oscillation. 

2. Write Command and No Write Current 

This fault condition is sensed using the same sense circuit as in 
Figures 8.1A or 8.2. The difference is in the following 'and* gate. 

Figure 8.4 shows the same circuit as Figure 8.3A except that the signals + Write 
Command and + Sense Current are changed to + Write Command and - Sense Current. 
Now if current is lost during a 'Write Command' then the fault is sensed. Again 
a timing problem exists at the leading edge of Write Command because the current 
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source and the sense circuit need time to respond. The same logic delay circuit 
will function correctly with the same but appropriately relabled timing 
diagram (Figure 8.3C). 




3. Write Command and No Write Data 

When writing we need to be assured that data is being written on the 
media. What signals are there available to us that truly indicate that we are 
writing? In tape machines this is an easy task as it is usual practice where 
there are Read Heads following the Write Heads. In Disc machines where the heads 
are used for both Read and Write a full revolution of the disc is required 
before Read Verify is possible. If we assume that the head is in 
proximity to the disc then we can sense the flux changes to verify that we are 
writing. Rather than a separate winding around the head core to sense the flux 
changes, we can sense the voltage transient across the head instead. There are 
several simple circuits that can do this with any type of head and write driver. 
They do increase the circuit capacitance which increases the current rise time 
as this needs to be considered. The design must consider the attenuation R1 
and R2, the voltage transient, and the voltage gain of A. Amplifier A should 
be a limiting amplifier compatible with the T*L logic of the Resetable Single 
Shot. If the circuit of Figure 8.5A were implemented the output would respond 
to only the positive transient; therefore, we would have one output for every 
other current transition. This is acceptable if the Resetable Single Shot 
time is greater in the worse case than twice the maximum current transition 
spacing. If both,current transitions responses are required then the amplifier 
should be a linear differential amplifier with the outputs connected to a 
full wave rectifier thus achieving a unidirectional pulse for each current 
transition. Figure 8.6 is such a circuit. 
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Although the complimentary write driver is not often used, we will go 
thru the design. 

If the transient voltage expected worse case minimum at point B were 
7.V BP, then we could isolate the head from the differential amplifier with an 
attenuation of 3.5 max making, (this reduces the extra capacitance across the 

head proper with only a slight change to the 
damping if we keep the impedance high) 




3-r 


(EQ 8.8) 


Giving us a 2V min transient applied to the base. 

The gain^ of the amplifier could be set for 1 with the actual value of RE max 

and the I current source^ equal to less than the expected 2V m .j n transient. 

This way the differential amplifier will limit on the minimum expected signal 
transient* The two equations are shown in EQ 8.9 and EQ 8.10. 
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Depending on the speed of operation we try keeping I source to around 

2 to 5 ma, and use a transistor with a reasonable F . This is dictated by the 

c 

Gain Bandwidth curves for the transistor. The next part of the circuit considers 
the value of the quiescent voltage at the base of Q3. This voltage should be 
such that during no signal the base must be conducting worse case. 

Assume Vbe = 0.75V as the conducting maximum Vbe required, then 
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(EQ 8.11) 


When operating, the most positive collector voltage will be when Q, or Q2 are 
cut off. We designed the amplifier to do this deliberately to ensure limiting 
in the positive direction. When this occurs the voltage at the cathode of 
Diode 1 or 2 is about-0.6V below +V. If the value of R3 is kept high so that — 
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(EQ 8.12) 


--then transistor Q3 is cut off during the peak of the transient. 


The following two stages are designed considering the current of Q3, the current 
loss thru R6^and keeping Q4 out of saturation. The gain is made high only to 
accommodate the current loss in R6 until the voltage rises to turn on the base 
of Q4. If we make R6 2Kft then our maximum loss of current will be 
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The value of R5 is chosen as we consider the current required to turn 
on Q4 and the minimum signal on the base of Q3. Because the diodes Dl, or 
D2 and D3 are always conducting then we should see almost the full limited 
signal at the base of Q3. Assume we only receive half or 1.0V, then the 
collector current of Q3 is approximately 
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(EQ 8.14) 


Once this is accomplished then we know that worse case we can turn on Q4 until 
the transistor Q3 is cut off when Q4 will then cut off. R6 should conduct any 
charge on the base of Q4 away before the next transient pulse. We keep Q4 out 
of saturation (only needed for speed) by using a Schottky diode between base 
and collector circuit. This circuit works well and is called a Schottky clamp. 

The base voltage vs. base current curve has some positive slope, so does 
the Vsat as a function of Ic. As the base voltage-is usually much greater than 
Vsat then the about 0.4 volt drop of the Schottky diode (which also has a posi¬ 
tive slope with increasing current) is sufficient to keep the transistor out of 
saturation. For example, if Vbe is 0.7V at some value of base current and Vce 
sat were 0.2 volts for some value of collector current, then 0.7V - 0.4V = 0.3 Volts 
or about 0.1 volt difference which we can use to reduce the base voltage to 
around 0.6V or out of saturation. This is a very rudimentary explanation as 
the solution can only be obtained graphically since all 3 junctions voltages are 
changing to obtain final balance. EQ 8.14 is correct. 

Vt * V* 4- V c , (EQ 8-15) 
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The above circuit will then output a positive pulse for each transistor (plus 
or minus) In the worse case since we chose all our design criteria to ensure 
an output pulse for a minimum transient and we designed the amplifier to limit 
above this value in order to reduce the current of Q3 for larger transient 
voltages. 

We will next consider the most used Write Driver and generate several 
circuits that will function as transition detectors for them. One of the 
problems we should consider is that of the polarity of the sensed transient. 

If we sense the negative transient at the collectors of the Write Driver Q1 
and Q2, then if the head were open on one side, we would still get a negative 
transient as the current flow will be thru the damping resistor. The affected 
transistor will saturate but the negative transient will still be present even 
though of a different amplitude. Remember that we minimized the Collector-Base 
voltage in order to reduce power dissipation; therefore, there will not be much 
difference in voltage between the saturated case and the normal case. A better, 
way is to use the transformer action of the head to get the positive transient 

I / 

occurring at the off transistor (for NPN Write Drivers).' This then assures 
us that the whole head is working for if one side were open transformer action 
could not occur. 

The circuit of Figure 8.7 shows a typical connection. The attenuation of 
R1 and R2 is provided to help keep Q3 out of saturation yet guarantee it does 
conduct on the positive transient. Again the Schottky diode is provided to make 
a Schottky Clamp. The circuit includes the Matrix diodes just to show that 
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it makes no basic difference except in bias levels. The diodes that pass the 
head current correctly to the Write Drivers also pass the positive transient 
therefore the transient will be available at the Write Driver collectors. 

If the head transient were 7.0V.BP SE then the attenuation max becomes 



If the head were shorted then there would be no V TRANS. 

If we design using this equation, then we ensure operation as long as the 
R.C. loading Q 3 < s base is small compared to the discharge times required 
between transients. Note also that because of the loading effect of Ri and 
R 2 in parallel with Hib of Q 3 the damping Resistor Rp total needs to be raised 
in .value accordingly. This particular configuration lends itself to driving 
ground referenced logic and is by far the better way to go than circuits that 
put in emitter degeneration in the emitter of Q 3 . In these cases level trans¬ 
lation is required such as we did in Figure 8 . 6 . 

Another circuit provides a capacitor charging and discharging current 
such that the end result is a combination including the effects of the Resettable 
Single Shot. This circuit has been used in head interfacing integrated circuits 
designed first by IBM. The capacitor is charged thru the diodes on each transi¬ 
tion.. This reverse biases C^'s base. A negative current source steadily 
discharges the capacitor such that if the time between transitions exceeds the 
time for discharge to the Reference level Q 3 turns on activating the Darlington 
Q 5 and Q 6 . Thus as long as transitions occur regularly within the time allotted 
then the output remains high. If they cease or the spacing exceeds the discharge 
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time then the output goes low. The circuit can be used for a current indication 
by using the output at the top of R 3 instead of the collector as is usual. This 
permits other functions to be performed in parallel. We will not go into this 
design in detail except to note several considerations. First, the diode 
charging current does affect the damping depending on the state of charge of 
the capacitor. It also is affected time wise by the negative current source 
variations and the value of C as well as the B of the PNP transistors as they 
start to conduct or any leakage if cut off. When this circuit is integrated, 
these variations can be extensive. 

We might consider a circuit that could be used with the Bridge driver. 

This two terminal head driver's head transient negative voltage is not much 
different between an open head case and the normal head case. With the upper 
emitter followers generally controlling the voltage the only Peak difference is 
the margin provided between the normal transient voltage and the negative swing 
of the supposed cut off emitter follower. This is not sufficient for an indication. 
However the positive level of the emitter follower is significant in that it can 
be measured against a reference. It is the difference between the Vbe lightly 
conducting and the Vbe heavily conducting. This is usually a few tenths of a 
volt against a solid reference. A circuit can be devised that can utilize this 
difference. 

If the head were open then the normal path for current is blocked; therefore, 
the lower half of the bridge will draw current directly from the upper bridge 
immediately above it, such as from Q 2 thru Q 4 in Figure 8.9. 
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The transistor QlO is provided a slight current of only a few hundred 
microamperes, I 4 , such that the base voltage of Q9 is at a voltage of say 
0.6 Volts. If the Write Current Ij were say 50 ma and the head were open 
with Vin high then Q3 is conducting from Q1 even though the base of Q1 is low. 

The base of Q4 is low so Q4 is cut off, but the base of Q2 is high since Q 6 
is cut off. Since the current thru Q2 is very low, being only leakage, then 
the Vbe of Q2 is around 0.4 Volts. This makes the difference between the bases 
of Q7 and Q9 about 0.2 Volts or sufficient to switch. Using low currents for 
I 3 to reduce base current effects, we have a circuit that will respond to 
open heads but it will not respond to normal and shorted heads. The voltage 
on the emitters of Q1 and Q2 will not change in the case of a shorted head 
except due to rise - fall time crossing effects which are very narrow. A circuit 
that will totally detect true transitions at the Write Driver requires two 
detectors, one for open heads and one for normal heads since the shorted head 
case produces only a small transient voltage. The second circuit simply needs 
to verify that the head terminal voltages appropriately follow the upper half 
of the Bridge's base voltages. This can be done using a low gain differential 
amplifier and full wave rectifier similar to Figure 8.6 and shown in Figure 8.10 
for inductive heads. The amplifier isolates the head to reduce the extra 
capacitance. The output pulse width can be pulse width discriminated in order 
to isolate the shorted head narrow pulse, resulting from poor rise times, from 
the normal head wide pulse. This is only necessary if the rise and fall times 
of the pre driver are not very fast such that there is a glitch at the head 
terminals at the intended transition edge. Figure 8.11 illustrates the phenomenon. 
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voltage change in the shorted head case is about half that of a 
I case as long the swing on the upper half of the bridge bases is 
' exceeds slightly the regular transient. Getting back to Figure 8.10, 
signals are really not differential but are negative pulses referenced 
vel for each oppositely occurring transition which alternates between 
e can use this to generate our full wave rectifed pulses if we limit 
a level between the half level expected from shorted heads and the 
rmal level. If the base swing were 5.0V, then we need a cut off 
iround (.75)(5.V) = 3.75V. Choosing the +V supply sufficiently high 




(EQ 8.17) 


’oceed as before. 
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inder of the design follows from EQ 8.11 thru 8.14. 


-e is a variation of the above circuit if the head is essentially 
such as the case of a thin film head. Here the voltage waveform 
?ad is almost a squarewave. Again, if power dissipation is minimized 
jsign, the down level applied to the.upper bases of the bridge is 
below that of the IR drop in the resistive head. One circuit that 
'iminate the normal head from the shorted head or partially shorted 
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head Is to diode couple the low level signal on each head terminal and 
compare that to a reference. However this circuit cannot distinguish the 
case of no data applied meaning an open data cable or circuit somewhere earlier 
in the circuit chain. We must really use the dV/dt of each transition. This 
can be done using a frequency level detector such as is shown in Figure 8.12 
or a + pulse rectifier and amplifier as shown in Figure 8.13. 

The circuit of Figure 8.12 should be driven from an intermediate amplifier 
to isolate the circuit capacitance from the head circuit. The level at Point B 
is a function of the voltage change at the inputs, the ratio of the two capacitors, 
and the time constant of C2 and the two resistors. For large capacitor ratios 
the level at $ is fairly smooth, but if we choose a smaller ratio with a short 
RC time constant, then the circuit will perform as a full wave rectifier with 
controlled output pulse widths. 

The circuit of Figure 8.13 may not require an intermediate amplifier if 
the coupling capacitor's value is small,and as the RC time constant should be 
large compared to the transition rate, it requires large resistors which in 
turn affect the base bias due to base currents. The circuit is basically 
a full wave biased rectifier. The difference from the base line to the clipping 
level is determined by the resistor network Rl, R2 and R3. The upper portion 
of the transient is 'dot ored' and is available as a series of squared positive 
pulses at the output. 

A better circuit would result if an intermediate amplifier is used to 
permit lowered resistances. Lastly, if we consider the transition detectors 
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they really Indicate the correct functioning of the entire Write chain. 

Without write current there would be no transitions neither without a 
continuous data path and a functioning head. The only thing it does not 
tell us is if the head is in contact with or in proximity to, the media. 

4. Write Current thru a Protected Data Field 

There are several variations of this circuit family. The first 
involves the Memorex invention of the Write Protect feature. A simple circuit 
operated from a switch blocks the Write Command from the Write Current circuits. 
The circuit usually indicates back to the control function that the Data is 
protected. One consideration is to design the logic circuits such that 
operation of the switch during a Write operation will not disturb the write 
in progress until the operation is over. A simple gated latch will accomplish 
this. 

A second variation is used in embedded servo type disc drives. These disc 
files have servo information pre written on the data discs in sectors or 
interleaved with the data. The same information must be protected in order 
to maintain correct servo operation. Counting circuits that are indexed to 
the disc position are usually used. Decoding the count determines the areas 
where the prewritten servo information is recorded. Circuits are also used 
that verify correct operation of the counters, such as, frequency sensitive 
discriminators and phase locked loops. Protection of the servo data is of 
such inportance that redundant counters are sometimes used with phase detectors 
to monitor their differences. 

9.16 







flC * (<o 

S Af67y ftiyLosofrty / a / PP£Q SZ/Zl/O JyJ7<?7U 











SAFETY CIRCUITS 


5. Write Current and Not Directly over the Assigned Track 

Again there are two checks performed to verify the head position 
in Disc Drives before a Write is allowed. The first requires the successful 
comparison of the desired address contained in a register and the written 
address recorded on the disc usually before each record. The second requires 
circuits for monitoring the heads position with respect to some reference. 

In track following servo systems there are signals available that are sensitive 
to the percentage variation from the tracks centerline. As the head deviates 
from the centerline by an amount exceeding the off track capability of a 
Read - Write - Read sequence at the track extremes, we require a signal that 
will terminate a Write function immediately. This is because any data there¬ 
after written will be difficult to read due to the off track, adjacent track 
and fringing crosstalk or interference. As the head mechanism cannot move 
instantaneously, some earlier or narrower range is sensed with a time limitation 
imposed for the system to restore the head to be within these normal limits. 

Such circuit timing must consider the mass and forces of the moving mechanism. 
Figure 8.17 illustrates the phenomenon by showing the head centerline movement 
compared to the track centerline as a function of time. The two limits are 
shown dotted with the appropriate sense levels and timing. 

This figure shows the head returning within limits within the allotted 
time. If it did not then a signal would be generated that shuts off any Write 
in progress and notifies the control circuits. 

6 . Write Command and Read Command Simultaneously 

This circuit is strictly a monitor of the control circuits, but it 
also checks for logic failures in that if a logic gate failed the opposing 


A 


9.17 






SAFETY CIRCUITS 


Commands could be issued. A simple 'And' gate at the last logic position 
of the two commands will suffice. This way the error can be caught up to and 
including the input to the Analog Read and Write Circuits. 

7. More than One Head Selected 

Depending on the Matrix configuration, there could be several circuits 
required. If the number of heads built into a machine is great enough, some 
designers choose to use two separate Write Circuits, two separate Read Pre 
Amplifiers and two separate Head Centertap drivers. When this occurs there 
must be circuits that monitor circuits to verify that one and only one is 
operating at any one time in serial machines or in parallel machines to see 
that all such circuits are operating simultaneously. 

First let us pursue the Centertap Monitoring Circuits. The engineer has 
a choice of an 'Exclusive Or' tree or an operational amplifier. The latter is 
least expensive even in the earlier machines when such a circuit had to be 
built of discreet components. 

Consider Figure 8.18. We have shown two heads with the centertaps capable 
of being grounded, with nPn Write Drivers and frvP centertap drivers. Reverse 
bias for the centertap is a negative voltage. The ratio of the resistors R2 
to R c 2 and R1 to R c i is large such that the correct amount of reverse bias is 
maintained to block the head transients. Rp is chosen to provide a certain 
worse case guaranteed voltage output from the operational amplifier. Rg is 
provided to cancel the affect of all but one of the reverse biased centertaps. 

For example, if Figure 8.18 showed 5 heads with 5 centertap drivers then Rg 
would compensate for 3 head centertaps leaving one to provide anejative signal 
and, of course, the other being at ground if selected. The circuit will respond 
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with a negative output if more than one head centertap is grounded and with 
a positive output if only one or none are grounded. The design is worse case^ 
as follows where N is the total number of head centertap drivers. 
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Equations 8.18, 8.19, 8.22, and 8.23 require the worse case bias set into 
the comparator to be centered between the values of Vo min normal and 
Vo min ^ ON* By properly specifying the value of this range could be 
centered around the Vbe of 2 transistors and the circuit of Figure 18.9 used 
instead of the comparator as long as the Vo difference is greater than one volt. 

In the above equations, we neglected the voltage and current offsets and gain 
effects of the operational amplifiers. These should be included if the difference 
is less than one volt which would jeopardize the correct biasing of the transistor. 
Resistor Rjrashould be chosen to equal the resistance seen on the negative 
input in order to correct for balanced base or input currents. For the other 
two offsets the total resistance can be kept as low as possible within the 
current limitations of the centertap and bias resistor currents and the voltage 
attenuation due to the action of Rc2 and R2 as it relates to the head transient 
voltage. Usually the voltage change due to one centertap circuit changing state 
is large so the main offsets are swamp ed. 

The other monitoring circuits become just 'And' and 'OR' combinations of 
the previous circuits outputs in multiples. The block diagrams of Figure 8.20 
thru 8.22 show typical examples of some multiple arrangements. Notice that in 
Figure 8.20 we need both the indication for write current from either current 
source as well as the indication of more than one source on at a time for serial 
data machines. For parallel data machines the dotted addition is required to 
indicate a failure. There are variations of Figure 8.21. As it is shown 
the outputs of the Resettable Single Shots are combined to indicate the function. 
This then would be 'Anded' with the delay gate of Figure 8.3A to capture the 
failure. However, if one of the Resettable Single Shots failed true then we 
would never sense any failure of transitions. The 'Exclusive OR' gate will 
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i this kind of failure. Usually we only try to sense no more than two 

al failure conditions,beyond that would greatly complicate the design. 

The last arrangement shown in Figure 8.22 is for multiple groups of heads 
/ one of which is permitted at a time. Here we require two groups of 
rational amplifiers, one to sense more than one centertap as we discussed 
i the other to sense one head centertap. The only difference in the design 
the value of Rg also taking into consideration that there are now two loads 
the R c resistors instead of one for both cases. The extra requirement for 
le 'One Sense' can be eliminated if the centertap selection of one head in 
ach group simultaneously can be accommodated, such as in parallel data machines 
nd for machines where discrimination occurs in the Write Driver Channel and 
;he Read Channel. In this last case a matrix can be formed connecting head 
centertaps and Write - Read circuits in some convenient or cost effective 
manner (see Figure 8.23). 

This matrix gives rise to a common terminology used throughout this 
industry of X and Y. The X circuits are the most expensive and are therefore 
minimized in number. The cheapest are the centertap circuits and are maximized 
where possible. Hence the centertap circuits are often referred to as Y select 
circuits. 

8 . Open Heads 

We discussed this situation in the section on transition sensing. 

9. Shorted Heads 

This also was discussed in the transition sensing section. 
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10. Centertap Current Sense 

In the cases where the centertapped head or a group of centertapped 
heads are driven or connected directly to an Integrated circuit collector, 
there is a distinct possibility of a short between the collector junction 
and the substrate. This situation exists due to the usual practice of tying 
the centertaps together to a common voltage or ground. The favored method of 
sensing this failure is to monitor the current in the centertap line. A 
simple series resistor and a comparator suffices. The bias on the comparator 
allows up to normal write current and any combined leakages to flow without 
changing the output state of the comparator. 

There are many other circuits or conditions that could be monitored. 

These will evidence themselves to designers as they consider all the possible 
paths erasing current can take thru the bead from whatever source or all the 
combinations that can prevent data from being correctly written such as any 
data encoding circuits or clocking circuits. They all need to be monitored 
and latched for the protection of stored data. 

One side-light to the half open centertapped head case not previously 
discussed is the condition during selection by the centertap driver. Consider 
for a moment what we discussed back in Capter 7 on Matrices. We were very 
careful to balance the Read biasing currents so that the flux generated cancels. 
When a head coil opens on one side the bias current now is unbalanced and hence 
can partially erase the media. However, the flux is very small and is not 
usually of sufficient magnitude, if properly designed, to bring the media particle 
back into the open portion of the hysterisis loop. There is one other circuit 
parameter that we have neglected and that is the single ended matrix capacitance. 
See Figure 8.24. When a head is reverse biased, the cable, head, and diode 
capacitance is charged with some number of coulombs. If the centertap selection 
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transistor is turned on quickly, this permits a discharge current to flow 
thru the head half winding that normally is balanced out that now is of 
sufficient magnitude to cause the media to be brought out of saturation 
thus actually writing a disturbance on the media. Because of this effect 
it is doubly important to minimize head capacitance, and maximize the 
discharge rate while maintaining sufficient drive to saturate the centertap 
driving transistor during writing. This then refers back to the circuit 
used to drive the bas£s of the centertap drivers which we did not discuss 
at that time. 

Once we have sensed a safety related failure we must now determine what we 
can do to minimize the damage to the recorded data from either timing or 
circuit related failures. The best thing we can do is to prevent the flow of 
head current either by blocking the current path at any point or several points 
or by sinking the current off to ground before it can reach the head. The 
first type usually are limited to shutting off the current sources and the 
centertap drivers logically. These precautions work well for command related 
failures or timing failures, but they do not work if either the current source 
transistors shorted or the centertap transistors shorted or some other current 
path became established. Again, shutting off all current paths can block the 
current thru the head either at its source or at its sink despite a failure of 
one of the sources or sinks (centertap circuit). We can provide a circuit 
that clamps the current source to a potential that reverse biases the Write 
Driver emitters. Part of the precautions already exist when we added a series 
diode to protect the Write Driver emitter from the Current Sensing circuit during 
the off condition. Refer back to Figure 8.2, R1 and Dl. If we connect a large 


9.23 



V 


\ i 

k, -nr-ZC^T> 

L ^ - L 

JH0U>IAJ6 O M&AILAVCC Q 
7/lAHjtt*JT HtAO 

fir sececr rr/^e 



+ unit re 


Xu/ 4 US*. 


/?* Z*r 


f[(r 2 


I ^ *r • . 

*- -»-/^/w*y<r — — i 


CuKtevT CtA/^f(AJ6 OrO KecC-tP? of 
e.fhx ODIOUS U/<iTf Cufi-fte^T of- SfVStAJO /? fA/CO££ 
OR U/HtU AJOT UrKlTi/VO- 







SAFETY CIRCUITS* 


transistor to the collector of the Current Source Transistor and tie its 
emitter to a potential more positive (in this case) than the bases of the 
Write Drivers, we can turn this transistor on irrmediately upon sensing any 
failure. This is achieved by an ’OR' tree driven from each of the safety 
circuit storage latches. Some engineers like to turn it on every time we 
are not writing in order to quickly discharge the current source lines. The 
transistor and its base current drive must be capable of handling any current 
resulting from shorting the current source transistor which means the current 
would be that obtained thru the emitter resistor in series with the difference 

in potential between the source supply and the clamp transistor emitter reference. 

*1 

This must be worse cased as failure to do this might^forward bias one of the 
Write Drivers. A circuit is shown in Figure 8.25 for the NPN Write Driver with 
the centertap referenced to ground. Other configurations are left to the reader. 


A typical design would ensure the following equations are met. 
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(EQ 8.28) 


If all these 5 equations are met simultaneously then the clamp will operate 
correctly even in the event of a shorted current source. Notice we are worse 
than worse case, but totally safe as we used V- min and V- max as simultaneous 
conditions in EQ 8.24 and 8.25 respectively. 


This concludes the current related safety considerations. 
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DETECTORS 

This chapter deals with the detectors or the circuitry used to sense the 
transitions recorded on the media. We will discuss the intervening amplifiers 
in the next chapter as the type of amplifier depends on the type detector 
chosen. The detector in turn depends entirely on the head signal and the 
region of operation. Let us refer to Figure 9.1. This figure is our old 
friend the bit density curve with some added segments. Historically, all 
magnetic recording was done using the left hand side or the 'good' resolution 
portion. Region 1. Here the various frequency or density components result in 
very similar amplitudes. Therefore a string of transitions produces signals 
of fairly equal amplitudes with little interaction. The process of detection 
is to sense the peak which results from the instant of maximum time rate of 
change of flux of the transition and output a pulse, the leading edge 
of which, corresponds to the center of the transition. Circuitry for doing 
this consists of some amplitude reference and a peak sensing circuit. The 
amplitude reference serves to eliminate noise associated with the signal base 
line, Figure 9.2. As the signal is bipolar there needs to. be two references 
or some means of changing the signal to unipolar. A Full Wave rectifier fills 
this latter function quite well. The peak sensing circuits are required to 
be very accurate. For this reason, amplitude sensing circuits fail. Consider 
the peak of sine wave. The change of the amplitude as a function of time is 
very poor, changing only a few percent over a considerable number of degrees. 
Amplitude sensitive circuits then will have poor time resolution of the peak. 
They are also sensitive to the variations in amplitude of each transition in 
a chain for no pulse is of the same amplitude as its neighbor due to variations 
in media and head-media mechanics. 
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DETECTORS 


Two other signal processing circuits resolve the dilemma. They are the 
differentiator and the intergrater. Here the slowly changing peak value becomes 
a fast changing base line crossing as the slope of the peak changes from one 
polarity thru zero to the other. This result is ideal as we can build base 
line crossing sensing circuits very easily. The question now becomes which 
of the two is better. First the differentiator. The circuit or amplifier 

<r' " . —- — 

has a zero at the origin. The gain then increases from zero at zero frequency 
to infinity at infinite frequency. Our head signal is complex in that it can 
be described as a fundamental sine wave with many harmonics. Noise also enters 
the picture. As we pass the bandwidth of interest, the gain continues to 
increase, therefore, all the noise of higher frequencies will be amplified 
accordingly while the signal of interest remains at its lower gain. The result 
is a decrease in signal-to-noise ratio. Practical circuits have finite band¬ 
width as they roll off due to stray capacitances introducing a pole. We see 
then that practical differentiators have signal-to-noise ratio problems but 
are limited to the bandwidths of the circuitry. 

The intergrator on first look is ideal as its output results from a 
pole at the origin, or zero frequency, which produces decreasing gain for 
increasing frequency. If we were only dealing with a sine wave, the resulting 
waveform would always be symmetrical; however, we are dealing with a complex 
waveform containing many harmonics and noise which also vary in amplitude from 
pulse to pulse. Ideally, then we would have a base line crossing for each 
transition as the area under the curve alternates. But the signal's non¬ 
uniformity will result in variations in the time of the base line crossing 
from the actual peak time of the input signal. 
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When compared to the noise shifted differentiated signal base line crossing 
and the quiet but time shifted base line crossing of the integrated signal, we 
are forced to choose the lesser of two evils. The differentiator has dominated 
the application mainly due to the way the higher frequency noise is rolled off 
by judicious choice of the pole location of practical circuits. The operation 
of the intergrator in the presence of defects accentuates the inaccuracies. 
Compromises can be worked out using carefully placed zeroes to minimize its 
sensitivity to defects and amplitude variations, but no practical recording 
channel has succeeded in mass production using the approach. 

We will now develop a circuit that will perform the detection function 

previously described. The block diagram for such a detector is shown in 

Figure 9.3. The full wave rectifier can be built from the differential 

signal with a pair of diodes. See Figure 9.4. Because the differential signal 

contains two positive peaks for each pair of pulses, the diodes will pass two 

positive peaks each one corresponding to a transition. Depending on the biasing, 

the output dc potential will be one diode drop below the input base line or 

dc potential. The driving circuit must ensure the two dc levels to be equal 

or unsymmetry will result. Whenethe input and output are referenced to ground 

the diodes will subtract one diode drop from the signal before passing it on. 

Figure 9.5 illustrates this function. We could take advantage of this phenomenon 

by making the diode drop equal to the amount of signal around the base line 

(clipping level) that we want to remove to reduce sensitivity to base line noise. 

Under these circumstances the signal itself must be amplified to an amplitude 

such that V diode equals the percentage of the signal we want to remove. For 

example, if we want to remove + 10% of the signal around the base line, the 

inn 0 / 

input signal must be amplified to 2( “10 i ) (V D) in V pp diff - 


(EQ 9.1) 
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Such a circuit will function but is not easily changed if we want to change 
the clipping level percentage except by changing the amplitude of the input 
signal or the references. The signal swings are very large, as in our 
example: 2(10)(.7V) = 14.Vpp diff. is required. (EQ 9.1) 

When the full Wave Rectifier is DC coupled with an appropriately negative 
return voltage as shown in Figure 9.6, then the output amplitude is equal to 
the input amplitude but is one diode drop below the input signal voltage. 

We need not get confused if we reverse the diodes to pass the negative peaks 
instead. Input DC balance is required for correct symmetrical operation. 

We could perform this function with active circuits such as is shown in 
Figures 9.7 or 9.8. The advantage of the emitter follower connection is the 
lowered impedance provided by the transistor. It has one disadvantage and 
that is the reverse base-emitter breakdown voltage, BV ber , restricts the input 
signal peak-peak value for one emitter is conducting while the other is cut 
off. Again, input balance is required. The addition of the third emitter 
follower permits any percentage of clipping. It is similarly restricted to low 
amplitudes of around 7 -Vpp SE max due to BV ber . Another consideration is that 
of the transfer curves at around 0.1 volts difference where there is partial 
conduction of the transistors. The operation is very similar to a positive 
'OR' circuit meaning only the transistor with the most positive base will 
conduct. It is this characteristic that permits Full Wave Rectification 
or Biased Rectification. The input amplitude must be such that the 0.1V 
uncertainty is small compared to the signal of interest but within the 
restrictions imposed by the emitter-base breakdown voltage. 
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We will now turn our attention to the Gate Limiter . Its purpose is 
to provide a gate to operate the 'and' circuit at the appropriate time to 
allow the pulse resulting from the differentiated signal peak to pass while 
blocking all noise related signals. The output of the Full Wave Rectifier 
is limited either thru direct amplification or that resulting from positive 
feedback such as in a Schmidt Trigger. The latter circuit has the advantage 
of reducing the effect of noise around the threshold of the Schmidt, whereas 
the former will be noisy around the bias point. The gate threshold level 
results from either the Schmidt threshold or the amplifier bias point. 

Figure 9.9 illustrates the waveform relationships we want to design into 
the total circuit. 

If we design a limiting amplifier that limits around the clipping level 

we desire, then we have performed the function we need. From Figure 9.9 

the clipping level value is determined as a percentage of the input signal 
magnitude. Let us use 15% of lO.Vpp diff. This becomes 5.Vpp SE or 2.5Vbp 
out of the Full Wave Rectifier and 15% is 375.mV. We next need to guarantee 
the reference of the input signal to the Full Wave Rectifier such that we 
have control over the percentage. We also need to include the tolerances 
of the diodes or transistors used to build the Full Wave Rectifier. We can 

do this with the circuit shown in Figure 9.10. 

Transistors 1 and 2 perform the Full Wave Rectification. Transistors 3 
and 4 are a high gain differential amplifier. The input reference is ground. 
The bias reference is 375.mV with transistor 5 providing the same or similar 
Vbe drop as transistors 1 and 2 if current sources 1 and 3 are equal. This 
function is harder to perform with discreet components, but is very easy today 
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when we can use the inherent matching in integrated circuits. The uncertainty 

of the bias point depended heavily on the variations in Vbe from transistor 

to transistor or diode to diode. The output of the amplifier becomes the 

output gate. If the signal swing is insufficient then further amplification 

is necessary especially if the slope of the gate edges is poor. For our 2.5V BP 

amplifier input, we know that the output will be a squarewave. Figure 9.11, 

centered around the 325 mV to 425 mV, but modified by the bandwidth of the 

amplifier. The more precise we want the gate edges defined, the higher the 

gain we require. With limiting it is not the output amplitude swing that 

defines the slope, but the gain divided into the input signal slope for the 

specified output swing. For example, if our gain were 100 and the output 

swing was limited to 2 volts then the input equivalent change would be 
2. V _ 

100 .02 volts for a full swing of the output. This then would indicate 

that the output gate edge would be similar to the time it took for the input 
to change from 365 to 385 mV if the amplifier bandwidth is adequate. With 
proper biasing the output gate levels could be made compatible with some logic 
family which would make the following 'and' gate simple to construct. 

The considerations then are the bias point stability, the gate edge slope 
and logic compatibility. There is a propagation delay consideration particularly 
when using multiple gain stages in series to obtain the required gain. 

The Schmidt version is not too much different. Positive feedback is 
provided to the bias point in order to interfere least with the Full Wave 
Rectified signal fig#aThe feedback resistor Rp is connected between the out- 
of-phase output and the bias reference network. The percentage feedback is 
determined by the signal swing on the collector and the resistor divider 
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network to the input signal. This circuit is easier and cheaper since it 
provides a large gain, fast slopes and a more stable bias reference than a 
multiple amplifier chain required to get the same slope. Also a second 
advantage is the shorter propagation delay and freedom from noise while 
traversing the bias point. 

The differentiator may take several forms ranging from passive differen¬ 
tiator to active. Operational amplifiers are usually not suitable due to 
their restricted bandwidth. We can build discreet active differentiators 
fairly easily. Consider a differential amplifier with a capacitor in the 
series feedback path or a resistor and capacitor. 


/?-- 


The gain equation simply becomes from Fig cf-ti fi 

2^CS 


(EQ 9.2) 


Hi + 2r e * cs fa + 2 *J C s + 7 

When rearranged, we can see both the zero at the origin, which we desire, and 
a pole which would be helpful to restrict the bandwidth related noise. There 
are other poles resulting from the internal transistor and stray capacitances. 
The circuit is inherently AC balanced in the emitter but does require DC 
current source balance and load resistor balance if output DC levels are 
important. 

The same circuit can be built using an inductive load with similar results. 
Here a single current source could be used if we wanted to. See Fig. 9.14. 

215 




(EQ 9.3) 


Notice the absence of the pole. We do not escape as easily since all inductors 
have stray capacitance and series resistance. The Bode plot will show a roll 
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due to this capacitance and it will be second order with a zero close to the 
origin, but not at the origin. 


/ (“ +*')<? \ 
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(EQ 9.4) 
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Some have tried to make the AC unbalance due to the separate inductors tolerances 
more balanced by winding the two inductors on a single core using bifilar 
circuits. If we were to use a simple RC coupling network as a differentiator 
we would have to contend with the attenuation. With the above amplifiers 
we can adjust the gain for a net gain instead of a loss. Of the two active 
differentiators considered, the first has a serious difficulty with DC stability 
if it is to drive a sensitive threshold circuit. The inductor version has a 
very low IR drop therefore is insensitive to variations in the current source 
or load resistor and current source balance. One way to retain the advantages 
of the first circuit is to add a balancing circuit to the current source and 
make the following stage differential with a large common mode input range. 
Balance is simply obtained by the use of a potentiometer in series with the two 
sources in one of several configurations. Some are shown in Figure 9.15. 

Regardless we can use a differential following stage to provide the 
limiting function. The emitter followers are required to minimize Miller Effect. 
The circuit shown in Figure 9.16 consists of a differentiator followed by a 
differential amplifier. Here we choose not to use a Schmidt trigger as we 
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want our output edges to correspond exactly to the center of the differentiated 

pulse peak which is the base line crossing out of the differentiator. The 

amount of gain required depends on the accuracy we require. If we were dealing 

with a sine wave input we could easily calculate the required gain. Assume 

the input signal were a (2.5 - .375)V RP sine wave, 0-180°, of l.MHz timing 
0.5y S 

or 180 for 2.77 ns/degree. If our logic 'and' gate had a minimum rise time 
of 5.0 volts in 5.55 ns then we should provide sufficient gain to make 2.0 
degrees of input signal at the base line equal to 5.0V logic level. Therefore, 
the minimum gain of the limiter and differentiator should be: 

5 */ \ 


S-o i/ 



Going back over our bandwidth restrictions for the collector load resistor, 
we should provide this gain in several stages instead of one. 

■ To get our gain we would probably require 
three stages. The gain per sta?e is ^67.4 or 4.06 per stage. We can do 

this fairly easily with basic emitter coupled amplifiers.similar to that shown 
in Figure 9.17. Because the input to the differentiator is single ended, we 
need another gain of 2. If the differentiator is designed for a gain of 2 
then we need 3 other limitors with a gain of 4.06 min each. The next problem 
we need to solve is the cascading bias required with DC coupled amplifiers. 

With discreet amplifier construction we could alternate NPN - PNP amplifiers 
and thus maintain a reasonable power supply voltage. This is probably the best 
way to proceed as AC coupling requires a knowledge of the low frequency band¬ 
pass requirements and hence the data code’s spectrum. 


10.9 



flC- 7-/7 






?((> f«/5 


Block. Pia6j?a^ suo^/*j& t>e<-Af osejo 
To CfA/reA. LeApivc- esce or pat's cat,* 
(at /im'/au/ai /wA7 




DETECTORS 


Notice the timing requirement to center the propagation delayed dif¬ 
ferentiated pulse in the Gate square wave. If the Gate generator used an 
equal number of stages of limiting gain then the delays should be about equal. 
This becomes more important when we consider that the input signal actually 
varies in amplitude as a function of disc diameter (in disc machine^or media- 
coating variations. This variation must be considered when calculating the 
total gain required for both limiters. The total gain must be calculated 
based on the absolute minimum signal from the head as modified by any 
intervening gain stages using their minimum gain. 

Let us go thru a design using the ECL logic family as our output. This 
is chosen due to the levels and speed but particularly the non requirement for 
cascading bias. 

Going back to our circuit of Figure 9.12, we can make a small change to 
make it compatible with the ECL family. See Figure 9.19. The change required 
is in the base bias network for transistors 1 and 2 with regard to the bias 
required on the base of transistor 8 and the improvement required to reduce 
the effect of power supply variations on the clipping level by using the diode 
D as a partial regulator. Notice also that the Differentiator does not care 
about the use of the clipping bias as it is AC coupled and will not be 
affected by the difference in DC potential as does the Gate Generator. We will 
choose the bias values such that the input signal swing will not permit 
saturation of the Differentiator and Gate Generator collector stages. 

If the input signal maximum is 10.Vpp differential, the nominal is 7.0Vpp 
differential and the minimum is5.Vpp differential we then know that the 
Full Wave Rectified signal is 2 '5 V gpSE max and 1-2? V Bp _ S £ min. We will 
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retain our 15% clipping level. The bias for Transistors 1 and 2 should 
be: 



M/*/ 



MA* 


\.X v-JO'l' = *70 V 


(EQ 9.6) 


Choose - 4 * 3 V to allow for tolerances of 5%. The bias for Transistor 8 should 
be: 

v.. 

(EQ 9.7) 


-».>v ♦ -USk-LV 


If we do this then we have built in a one diode drop margin for the 
collectors 3 and 4. If we choose the resistor divider network to operate 
off -10 volts and have current of 10 .ma to maintain some stability due to 
base currents then: 


/S'. V — VV 

c ~ ^ /f, + /<V - / vJK 

/£>. 


(EQ 9.8) 
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fi H -- / V* * ~ L + }>0 - 


1-0 K 


(jLrrn*. l’*OK //) 


(EQ 9.10) 


If we allow 5 ma for the diode, a IN4448, we should have approximately 0.7V 
drop. This leaves 5.ma for R£ and R 3 to develop 0.375 volts. 


O-Zt*?- 1 / 
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(EQ 9.11) 
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In order to minimize the disturbance to the bias due to base current variations 
in the operation of the Full Wave Rectifier, we should replace Rj with a 
4.3V 5% zener. This way all margins are met while maintaining a low 
impedance at the bases of transistors 1, 2 and 8. We now need to lower R^ to 
allow 20.ma zener current as well as allowing a higher current thru the 
diode (lO.ma). We can also add a zener at the bottom to control the current 
sources (see figure 9.20A). 
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(EQ 9.13) 


The value of Resistors R2 and R3 should be halved to accommodate 10.ma 
instead of 5.ma. Let R2 = 24.9ft and R3 = 43.2D 

If we choose the CA 3045 transistor array we will obtain an added bonus of 
Vbe matching to 5.mv which will help. The 20.V breakdown between substrate 
and collector junction is adequate, as is the 15V collector to emitter, 
breakdown. The base emitter breakdown needs examining for transistors 1 and 
2 as they will see the full swing of the input during rectification. The 
maximum input difference is 5.0 Vpp SE or just equal to the minimum specified 
BVbe for the devise. This is close but is acceptable. If the max input swing 
were larger we wou Id either have to find a transistor with a higher BVbe or 
use series diodes for rectification preceded by normal emitter followers 
in order to minimize distortion. We would also have to refigure the bias 
on the Gate Generator. Either way we are faced with a matching problem in 
order to minimize the unbalance of the rectifier halves. See Figure 9.20B 
for the variation . 
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Continuing with our design. We will choose the current for the emitter 
follower rectifiers based on the stray capacitance on the node A. 

c T - zf- * Ct (z*«) * c <s 

z = Z2,t " (EQ 9.14) 


For a 5.0 MHz sinewave input the required current must exceed 
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(EQ 9.15) 


This should operate well if we choose 3.0 ma to allow for rectifier 
linearity, capacitance and worse case variations. 
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EQ 9.16) 


The collector resistors for both the Gate and Differentiator should be 
related to the Bandwidth. For our 5.MHz signal we need a minimum of 50.MHz 
Bandwidth in order to minimize phase distortion and amplitude reduction. 

/ ' 
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(EQ 9.17) 


Where C T = (2+A(C ob ) + C cs = (14)(.58 PF ) + 2.8 PF = 10.92 PF 

If we choose 200 £ 2 we can obtain a 1.2 volt swing with 6 .ma I s (gj- 
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The gain becomes: 
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(EQ 9.18) 


This gain is slightly higher than the 12 we assumed in equations 9.14 and 
9.17, but we have plenty of margin in both cases. 


The current source resistor should be: 

„ Va.,,* — '*** O'-nv / 

(I - - --- = - ■ — — = q 9 . 19 ) 


Next we can choose an emitter follower resistor g jq ^ jg to drive the 
following limiter stages if we allow 3 ma again we could use 
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(EQ 9.20) 


The design of the differentiator is next. Going back to Equation 9.2we would 
like to place the pole at an order of magnitude above the highest frequency of 
operation F^. (We, may modify this later when we consider noise degradation. 
The Rule of Thumb usually makes the phase angle equal to 70° at F^). 

We would also like the gain at F^ to be such that the collector signal 
is linear and centered around -1.2V in order to drive the following amplifier. 
With a 2.5V peak rectified input signal we would require a gain loss to 
guarantee a linear swing. We can solve the dilemma by providing clipping at 
the collectors to reduce the amplitude swing while retaining the slope around 
the base line. A pair of back-to-back Schotky diodes (IN 5711) will function 
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well as they have no storage time constraints. (Figure 9.20C) Linearity 
in the emitter circuit is maintained by making the impedance and current 
such that neither transistor is cut off. For our 200^collector resistors, 
two 6.0 ma current sources will give us a -1.2V collector voltage on each. 
The emitter circuit must have an impedance at 5.0 MHz of greater than 
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(EQ 9.21) 


If Xc is greater than 4330 then that will satisfy the requirement. 

C - Zir F„ Xc ~ (z 7 tJ( v• ,} = £<3 I'Ll 

If we chose 62 PF then we should cover the worse case capacitor value 

since we calculated the minimum current source current at 6.ma. 
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The gain at 5.0 MHz becomes . if RE = 0 
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The pole is located at 

i 


‘J (* V X (EQ 9.23) 

(EQ 9.24) 


/ •' 37 Hi 


fi? stHZ 


IV * T C 

We could calculate the degradation In phase due to the real transistor 
parameters using the hybrid TT model, but the frequencies are higher than we 
will be interested in (above 50 MHz). 


We can add current balance by using the potentiometer as part of the 
emitter source resistors. The remaining gain for both limiters needs to be 
calculated. For a minimum input signal of 5.Vpp Diff we have 1.25V 
out of the rectifier to make this signal be a l.V square wave with rise 
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and fall times equal to the logic families characteristics of J.l ns then 
at 5.0 MHz 1.1 ns represents 

)(H)(360°) = 1.98° 

Therefore 


1.0V 

(1.25V) (sin 1.98°) = 


(EQ 9.25) 


This indicates that the gain already provided with transistors 3 and 4 is not 
sufficient. Since we also need to match the propagation delay of both 
channels and the gain of the differentiator is only .778, then we need to have 
the differentiator channel gain equal to 


A 


CUM 


l • o V 

(onitXl-irv) /. 


2 <?-76 


(EQ 9.26) 


We need a gain of greater than 29.76 to achieve the same accuracy * Since this 
gain cannot be achieved in one stage using a MC10116 line receiver as an 
amplifier-limiter then two will be used. This is because y 29.76 <C A (10116^, v 

The final design needs only two series MC 10116 line receivers for each 
channel. The output 'and' gate can be a MC 10105 positive 'or-nor' gate. 

Notice that this design is based entirely on a percentage of the nominal 
signal therefore amplitude plays a dominant role in the detection, process. 

If signal amplitude is lost then data is lost. 

The waveforms should be reviewed and are shown in Figure 9.21. The 
output pulse width is not controlled and may be equal to any value between 
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1.1 ns and 50.ns depending on the input signal amplitude. If the differentiated 
pulse is not centered in the gate then noise can occur at the edges of the gate 
due to the noise of the differentiated signal. The clipping level may be 
adjusted to a different percentage of the nominal signal to change the width 
of the nominal gate. To properly characterize the circuit a plot of pulse 
centering as a function of amplitude should be made, also as a function of 
frequency at certain fixed amplitudes. 

This completes the design of a detector that can. handle signals in the 
left hand portion. Region 1, of the bit density curve. 

There are a large number of circuits that could perform this function 
depending on the availability of components and integrated circuits. In 
putting together the circuits for each block, all we need to consider are the 
various interfaces, their voltage, current and timing requirements. 

Now what of the other areas of the bit density curve? We can evaluate 
them by looking at the waveforms in each area for a string of random data. 

In Region 2 the signal is modified due to the pulse interaction at the 
higher densities. Resolutions can go down to around 70%, meaning that for 
three transitions in a row, but isolated on either side, the center pulse 
barely crosses the base line. This is illustrated in Figure 9.22. Similarly, 
we show the triple pulse waveform for each of the four Regions. If we were to 
use the detector we have just designed for Region 2 signals, the clipping level 
would have to be lowered to such an extent that the base line noise would pass 
thru. Or in other words, the minimum amplitude of the center pulse is less 
than the noise. In terms of clipping level percentages in Region I we could 
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have a clipping level range of from 50 to 15% or 35% where 50% represents 
the value where we just lose a pulse and 15% of the level where we just pick 
up the noise. In Region 2 this range becomes negative; in other words, the 
clipping level value for loosing the center pulse is below the value to pick 
up noise. 

Since we must operate some detectors in these other regions, we will 
discuss methods for accomplishing this. The first clue comes from the way 
we visually determine the position of a transition pulse. Each pulse has 
some leading slope, some zero slope peak, a trailing slope of th«opposite 
polarity, and some peak-to-peak amplitude difference. In Region I the amplitude 
is always in reference to the base line therefore some fixed or moving reference 
around the base line will suffice. Here in Region 2, or worse, the base line 
becomes a moving target depending on the transition pattern. We can take two 
approaches. The first is where each signal peak is clamped to a reference and 
the amplitude is measured opening a gate if the signal exceeds some delta. 
Clamping is achieved by a diode as shown in Figure 9.23. As the input signal 
approaches its positive peak, the capacitive current is shunted to ground thru 
the diode then as we pass the peak this current reverses, the diode reverse 
biases and the RC time constant is restored. This allows the negative slope 
of the signal to be measured by the comparator. This voltage is chosen to 
represent some percentage of the signal. As can be seen there will be a time 
delay before the gate is opened following the true peak or transition center. 
This must be allowed for in the design. Further problems are the forward bias 
of the diode and the capacitance on that node. The main problem though is the 
non-uniformity of the pulse amplitudes. If the second positive pulse were of 
a lessor amplitude than the first then the circuit will not clamp to the second 
peak. All of these problems are addresssed in the design that follows. 
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The choice of the coupling capacitor is dictated by the stray capacitance 

F the following network. If C is very large compared to the stray capacitance 
len we have control of the signal transfer. Secondly, if the diode drop is 
mall compared to the signal peak-^peak amplitude, we retain control. Also, 
f the diode has very short minority carrier life time, this also helps 
educe the switching time between the forward conducting clamp and the peak 
ollowing long RC time constant. Another problem is the variation in amplitude. 
This can be solved by taking advantage of the alternating nature of all read 
signals polarities. If we provide a deliberate positive current during the 
periods of time immediately following the comparator sensing level, we can 
ensure that when the waveform again changes to a positive slope there will 
always be sufficient charge to clamp during the positive sloped portion of 
the signal. This is illustrated in Figure 9.24 where the point B represents 
the point where the second half comparator operates and point A the first 
sensing point. All this clearly shows that two such circuits are necessary 
to cover both positive and negative (positive on the opposite half of a 
differential signal). 

Consider our 5.MHz Hp signal we used earlier. The diode should be a hot 
carrier type to eliminate the minority carrier lifetime and thus speed up the 
reverse recovery of the diode. If the forward drop is 0.4 volts then our 
signal should be 10 to 20 times this value or 4-8 V pp min. Let us choose 
10.Vp p jiff as an amplitude requirement nominal. If the stray capacitance 
is around 10 PF then the coupling capacitor should be large or 20 - 100 times 
that value or lets use 1000.PF. The value of R should be such that it is 
large compared to Xq at the lowest sinusoidal frequence (F^) of interest. If 
that were 2.5 MHz then let 
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r C - 3 * * **o * 


(EQ 9.27) 


Let us choose 6810 as a standard value. This forces the driving impedance 
to be less than 60 a. which we can obtain by an emitter follower. 

Because the signal at the comparator input is less than a few volts, 
it is well within the capability of an ECL line receiver. The basic design 
is shown in Figure 9.24. If we choose a comparator reference of 15% of the 
5.0Vpp_sE signal nominal then the comparator should be set to 

y^ _ -2Vp + Vt c — (o-'S^S-ov) = -/•««' + 0 ~ -t-7i V (EQ 9.28) 

In order to try to keep this value close to the 2 diode reference, which we 
provided in order to keep the comparator signal within the range of the line 
receiver, we should make them part of the comparator reference. If we used 
a simple resistive divider as part of the negative supply to the diodes, then 
we maintain control and the comparator reference becomes relatively insensitive 

to the diode drop variations. The PNP switch should supply a current to the 

T is — 


(EQ 9.29) 


clamp equal to that expected from the signal 


I = 


Vsi«- ff-U 


TTT- 


- 7-3v 


Let us choose 10 ma. The bases of the PNP switch must be driven from a level 
such that the collectors do not saturate. The standard ECL levels are 
-0.81 max hi and -1.85 min low- Two diode drops will guarantee a voltage 
more negative than the collectors. The IN4448 diode shows a minimum drop 
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of 0.62 Volts at 5.ma; therefore, the two extremes will be (w^ver case most 
positive) - 


V#n - -O'tlv - z(o-oi^) - - 2 '* r ^ 

-i _/.** - 2 (w)‘ - 5 ^*' 


/'/V/ 9 tff/r 
/'A'/* 


(EQ 9.30) 
(EQ 9.31) 


Now all we need to do is guarantee a minimum of 5.ma thru the diode. Using 
a -5.2V + 5% power supply, the resistor is calculated from 


(v - slJ- n 




$W'«- 


- 37^^ 




(EQ 9.32) 


If we used 300Si , we have plenty without exceeding the current from the logic. 


Now we know the current supplied from the PNP switch was chosen at 10.ma. 
The emitter resistor can be calculated as a nominal or we can ensure worse 
case that we have our 7.34 ma — let us do the latter. 


(0 = 


W»,~ *■ - Vlt — (/C-e-tr)- (EQ 9.33) 
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We can now calculate the current required to maintain the two diode -1.4V 


-Ur 


reference as the PNP switch current subtracts. Using a -5.2V supply and a 
10.ma residual current for the diodes we get 

Vt mA V f ^ '*'* ** on — \/y £ 


to. 






(EQ 9.34) 
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Therefore the resistor total required from -5.2V is 
V- - 2 (Vp 


ISf. 


l-fl* 


*• / ? f ‘ 7 




(EQ 9.35) 


10.21 




77 Ait 





DETECTORS 


To get our reference for the 
* 1 ('■*") _ 
hif xu> u — 


comparators we need to find 
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Zi-93~ 



) 


(EQ 9.36) 


This leaves 

195.7 - 26.5 ft = 169.2 remaining (choose 169 ft 1%) 

Now we have a squarewave resulting from the amplitude sensing of the negative 
slope following a peak. We need to 'and' this with a delayed pulse representing 
the absolute peak. But now we need a pulse representing each peak separated 
as to polarity one for each side. Note also that the Gate is now the total 
width of the transition spacing instead of just a pulse which goes away after 
the amplitude is lost. We need a circuit that accepts the first pulse and 
ignores any following until the change in polarity is sensed. 

We will now design the rest of the detector to go with the Gate Generator 
we just designed. The differentiator is similar to the one we designed for 
the Region 1 detector only we will drive the two bases differentially instead 
of from a rectified signal. This way we retain polarity sensing. If we choose 
the base bias of -5.volts then the entire design can be repeated except for 
a stage that follows the limiting amplifiers. Notice our preoccupation with 
ECL compatibility. The differentiator outputs an edge for each zero crossing 
with undetermined edges in between due to the signal returning to the noisy 
base line of our example in Figure 9.22. This edge is unipolar for each 
peak of the same polarity thus we can separate the pulses. A circuit for 
generating these pulses is called a split Bidirectional Single Shot. Although 
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true Single Shot the input timing makes it behave that way. It takes 
age of a single capacitor In the emitter feedback path just as in our 
differentiator only here the transistors are either conducting or 
'f which makes it an overdriven differentiator. It functions by forcing 
nitter current source to flow *HTO the capacitor until its charge 
as such that the transitor bias changes to a forward bias. Figure 9.26 
the waveforms. The collector 7 current changes from the source value 
tro on cut off while the capacitor is changing its charge. When the 
ter 7 voltage falls to the value necessary to turn, the transitor 7 back 
increasing the collector 7 current back to the source value. When the 
site edge occurs the current which normally flowed thru the transistor 
nw flows thru transistor 7 as well as its own source current, thus doubling 
collector 7 current until transistor 8's bias allows it to turn back on. 
ause of the double collector current, a pair of clamp transistors 9 and 10 
: added in order to keep the collector 7, 8 out of saturation. 


The design follows the ideas presented in the waveforms . Let us choose 
urrent source of 10.ma in order to maintain circuit speed. 


I/- — lAjtK W r .<tis** 
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we want a minimum pulse width of 50.ns, then the capacitor should be larger 
n 


C = 


(i J ~7 
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(EQ 9.38) 
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We should choose 75 to 82 pp since the pulse time is slightly altered by 
the transistor current as the off transistor starts to conduct. The collector 
load resistor is chosen to give greater than an ECL logic level change max of 
1.85-0.81 volts or 1.04V; let us choose 1.2 Volts at 10 ma. The two resistors 
associated with the clamp are set to develop 0.6V across the emitter-base 
resistor and 0.6 volts across the base-collector resistor at 10 ma; therefore, 
they should be 60fi each (choose 60.4fi). 

The remainder of the circuit is built using ECL blocks. The circuit for 
ignoring subsequent same polarity pulses is simply a«RS latch followed by a Bi¬ 
directional Single Shot. The only difference to the design from the Split 
Bidirectional Single Shot we just designed is when we tie the two emitter 
followers together thus performing the positive dot or function. We will use 
300yt.resistors for the emitter return resistors as we calculated before. The 
delay line should be inserted in the limited differentiated signal path 
preferably between the two amplifiers in order to preserve as much symmetry 
as possible. A differential delay line is preferable. 

Now that was a lot of circuitry but we had to perform the functions required. 

To summarize, we needed a Gate Generator capable of operating on peak-to-peak 
differences instead of a base line related reference. The circuit chosen 
introduced an amplitude dependent delay and a bidrectional gate equal to the 
timing between transitions plus or minus some error. This forced the pulses 
resulting from the limited differentiated signal to require a delay and to 
have separated positive and negative peak sensed pulses. We solved both these 
problemswith a differential delay line which maintained most of the symmetry.. 

(If a single ended delay line is used then the symmetry can be recovered by ^ 

careful adjustment of the bias of the following differential amplifier. Note 
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i of 2 is lost by going single ended and back to differential.) 
ted pulses was obtained with a unique circuit called a Split 
nal Single Shot. We gated these two polarity-determined-pulses 
thru an 'AND' circuit. The noise related pulses that might follow 
mate 'peak' pulse were ignored by setting and resetting an R.S. 
i the first pulse thru the gate. (Subsequent pulses do nothing.) 
is now in square wave form, an edge for/\transition, just like the. 
rent was which was used to write the data. This was converted back 
i to Zero Pulses by the use of another Bidirectional Single shot 
; time with a positive dot 'or' output. When testing this circuit 
i must be adjusted to permit all acceptable signal amplitudes to 
hout altering the time of the peak sensed pulse. Alteration may occur 
eak sensed pulse split the edge of the gate. The comparator sense 
iy be lowered if the noise related to a base line is absent. This may 
F the low frequency signal is high enough to keep the entire bit 
within the poor resolution are*of the Bit Density Curve. The above 
:tly a function of the code used and will be discussed in a later 

;econd Region 2 detector can be built using a simpler Gate Generator 
:ode guarantees that the signal will not return to the base line. 

: of the circuitry essentially does not change. We could say that a 
! detector is the most complex of all the possible detectors. The 
>n is simply to alter the signal by passing it thru a lead network, 
ill differentiator. The reason is that there exists in Region 2 a 
shoulder on the lowest frequency signal which / if differentiated, 

, a droop. It is this droop that is noise'sensitive. If noise enters 
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the signal, and it does, the slope of the shoulder is changed either to zero 
or oppositely such that a zero crossing is obtained which results in an erroneous 
output pulse. It is this shoulder caused droop (Figure 9.27) that forces 
code related bandwidth limited Region 2 signals to still require a Gate 
Generator. Such is the case with the industry wide MFM code when used in 

flCJUP fju 

this region. If we use a lead network instead of a^differentiator then the 
droop is reduced and the output can be limited to create a polarity related 

fifiJT 

gate. We still require the^differentiator because we need the precise time 
of the true peak. A lead network would distort the pulse timing. The circuit 
is shown in Figure 9.28. 

The shoulder can be shown to contain considerable 3rd Harmonic. 

The lead network need only attenuate the third harmonic to achieve the desired 
result. Let us design for a F[_ of 2.5 MHz. We want to reduce the differentiated 
3rd harmonic by 6 db more than the Fj_ signal. This, of course, depends on the 
amount of shouldering we have on the lowest density signal. The pole associated 
with the network can be established from 

-/Xc -- Zoo (EQ 9.39) 


- 



2^>Q /~- 


(EQ 9.40) 


The 3rd harmonic gain of the differentiator is 3 times the gain at the 
fundamental; therefore, we want half of that to get our 6 db loss at the 
3rd harmonic. 
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(EQ 9.48) 
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substituting the identity of tan’ 1 A = sin^VTT^ 

A 

A 


we can get 


sin(sin 1 VT'+7 f) = 2 (sin(r/n^VT + -g* )) 
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(EQ 9.50) 


(EQ 9.51) 


(EQ 9.52) 


(EQ 9.53) 
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or 


., 


2909944 


tan'M = 52.238756° = 6 


0 _ 


tan-1 * 23.283731° = a 


X c = 200 sin 52.238756° = 158.11 fi 


r E = 


158.11 


= 122.47 R 


tan 52.238756 


Xc 


for proof we will verify that y- produces 133.33y».at 23.383° 


2 3F L 


3 sin 23 8 283 7 31 * 133 - 33I! « ED 


Our capacitor is 
C = 


(z 7rJC z-r*5 


~/o 

- 4- -Oi XVO ^ 


Choose 390 PF. 

The resistor becomes, using our 6.0 ma current source, 
R = tll-u~, - z ( ij~- + 5 ^) = 

All other circuit values are as we calculated them before. 




(&C , 
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The limiting gain required for a 5.0 Vpp diff input signal is from E 


Amin = 


1.0V 


(1.25V bp SE )(sin 1.98°) = 23.4 as before 


(EQ 9.54) 

(EQ 9.55) 
(EQ 9.56) 

(EQ 9.57) 

(EQ 9.58) 

(EQ 9.59) 

(EQ 6.60) 
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Therefore we need ~2 =11.7 in the following stages. 

The MC 10116 has a minimum gain of around 8; therefore, we need two series 
stages as before. This circuit is less noisy due to the clamping operation of 
the first circuit for Region 2 but, as stated before / can only be used with 
signals that do not return to the base line between transitions but have 
a reasonably small shoulder. 

The circuits of Region 3 are are far simpler, in fact, they are the 
cheapest of all. The drawback is, of course, the much poorer resolution 
and the attendent bit shift. We did discuss ways of reducing the bit shift 
by using Write Precompensation, but in this region that method has diminishing 

LthTtfl- 

returns due to amplitude loss. We will discussmother methods of compensating, 
but they are restricted to certain codes. 

The block diagram is simply a differentiator followed by a series of 
limiters and a Bidirectional Single Shot. No gating and no need to line 
up pulses in the gate. See Figure 9.29. 

Again we will consider our 5.0 MHz, 10 Vpp max^^ linear input signal 
only we will drop down to 1.0Vp p <jiff for the minimum. This is consistent 
with practice in this region. The differentiator is the same as before -- 
we do not need to change a thing (except remove the delay line from the Region 2 
version). All design criteria is the same since we want to use ECL logic. The 
only thing we need to do is to refigure the total minimum gain required. 

(EQ 9.61) 
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owing the gain of the differentiator is . 778 /&9.9 0 
quire 


115.77 

.778 


148.8 in the limiters 


from EQ 9.23, we 


(EQ 9.62) 


iis is too much for two limiters with a gain of 8 each therefore we need 3. 
a 512 

te spare gain then - = 3.4 more than we need, but it does not hurt at 

71 148.8 

11 since the signal is limited. 

In Region 4 the detector is the same as in Region 3 only the bit shift 
r peak shift is so bad that other methods must be used to determine the presence 
r absence of a peak in a particular time slot or bit cell. This will be dis- 
ussed when we talk about clocking circuits. 

There is no reason to assume that the preceding circuits could not be 
lesigned to interface with T^L logic or any other logic family and most 
•/ere prior to 1965. 

Another type of detector is used in Region 2, particularly the right hand 
side of Region 2. As can be seen the shouldering which is due to 3rd harmonic 
:ontent is worse to the left and better to the right which is opposite for 
ait shift. We can take advantage of the lesser shouldering by introducing 
i circuit that is tolerent of some shouldering. Refer back to Figure 9.27. 

\s can be seen, the worry is when the noise content carries the different!'aled 
signal back across the base line thus generating a false bit. In the circuit 
)f Figure 9.30/9 a delay line has been added in series with a Bidirectional 
Single Shot and applied to the clock of a 'D' flip flop. This then provides 
i clock for each zero crossing regardless of its legitimacy. The operation 
:an be deduced with the aid of Figure 9.3^6 
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As can be seen if the delay is established to be greater than the noisy 
droop area A and less than area B or the certainty area then the 'D' flip 
flop will reproduce the limited signal, delayed, without the noisy area for 
a noise generated clock will just clock in the same polarity. 

A < Delay < B (EQ 9.63) 

The engineer must be able to guarantee the above equation for all head - disk 
variations over the proposed production. The remainder of the circuit follows 
as before, with the use of a Bidirectional Single Shot to generate RZ data. 


There is another form of differentiator that can be designed that provides 
a poorer response to the third harmonic than the more traditional differentiator. 
Usually high frequency roll off is provided at the expense of true differentiation 
by placing the unavoidable pole such that the phase angle at the highest frequency 
is 70°. For example, in a system where 

F^| = 2 Fl we choose Xc of the differentiator as 100fiat F^ 


therefore 



lo o ^ 
7 o° 




(EQ 9.64) 
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(EQ 9.67) 
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for a gain , ff^ to zf L 
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(EQ 9.68) 


Then we can see the worsened effect of the shoulder. The new differentiator 
produces a fixed phase angle of +90° with a sine function in magnitude that 
can be judiciously placed to our advantage. 


This circuit was invented by a student named TSAI HWA CHEN* in response 
to an engineer's complaint of the foregoing effects. Mr. Sordello provides 
the following derivation from figure 9.31: 


From the identities 


/difl. & ~ 
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(EQ 9.69) 


(EQ 9.70) 



(EQ 9.71) 



*"Use of delay in Reading Manchester Codes," IEEE Trans, on 

Computers , Vol. C17 = #9, Sept. '68, Pages 827-845. 
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which is a gain with a sinusoidal response at a phase angle of 90° and delayed 



If for a Region 2 system where Fh * 2 Fl we can choose to place 
7T , T 

Fh at 1. then f [F'L 1-JZ f)) 

(a/h ~J _ J7T 

2_ Z. 

Where = 27TF^ then we can calculate the delay required. 

nil , z t - ~zr H 

■Z. Z • 

This says that at 3F L and at Fj_ the magnitude response is 0.707 or 

2 TFi 7 _ 7r 2 -77 3 F c _ 7 7T 

--—-' — (a 

2. V z • 

Using this circuit the gain at 3F L becomes the same as at F|_ for a 
1 

2.676 improvement over the older method. 

Because the accuracy of the peak itself in the presence of the 3rd 
harmonic is enhanced the limiter stage gain needs to be raised by 2.676 or 
more when using this differentiator due to the reduction in the 3rd harmonic 
content. A second filter is required in order to suppress the higher lobes 
of the magnitude response. This filter precedes the differentiator. 

The differentiator circuit is shown in Figure 9.3J.& 

The delay line is placed across the collectors thus producing the 


(EQ 9.73) 


(EQ 9.74) 


(EQ 9.75) 
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function of subtraction differentially. The collector resistor load 
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Is fixed at Zo of the delay line thus absorbing reflected energy either 
way. 


This concludes the chapter on detectors. 
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LINEAR AMPLIFIER 

The linear amplifiers are used to provide the linear gain between the 
preamplifier and the detector. They include stages of gain, selection, filtering, 
phase correction, AGC gain control* and signal shaping. This chapter will deal 
with all these circuit functions. 

Reviewing the block diagram. Figure 5.1, we can see the placement of these 
amplifiers. Figure 10.1 shows a typical functional block diagram. 

We can now discuss the type of amplifier required based on what we know 
about the detector requirements. All detectors that include a fixed amplitude 
reference as a criteria for opening a gate require Automatic Gain Control (AGC) 
such that the input to the Detectors remains within some bounds. Those that 
do not have a fixed reference for the gate and those with no gate do not require 
AGC. There are some circuits that use a amplitude determined reference for the 
clipping level instead of a fixed value such as we used in Figure 9.19. This 
could just as easily be derived from the input amplitude by adding a filter to 
the diode isolated Full Wave Rectified signal such as is shown in Figure 10.2. 

The dynamic range of the Detector input would be wider due to the variations 
in head signal and amplifier tolerances. The AGC restricts the dynamic range 
of the detector input to a more reasonable value which reduces the amplifier 
power dissipation associated with very large signal swings. 

Detectors in Region 3 do not require AGC. They do, however, require a 
very large gain but most of this can be in limiting stages as previously 
discussed. The Bandwidth of the Linear amplifiers requires careful control in 
order to properly pass the head signal while eliminating extraneous noise. They 
are also called upon to correct for non linear phase delays and to provide some 
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spectral shaping in some cases. The code used determines the width of the 
Bandwidth while the data transfer rate or transition rate determine the upper 
fundamental frequency of interest. Most codes have a DG content thus any AC 
coupling after the differentiator is detrimental to the bit timing. This 
occurs as the base line moves to make the area above and below the base line 
equal. When this happens the zero crossings are lost resulting in time 
shifted crossings. You will notice that all the designs of the differentiator 
that we discussed in Chapter 9 are DC coupled with balancing circuits, to elimi¬ 
nate offsets, following actual differentiation. 

AC COUPLING 

The linear amplifier, however, can be AC coupled as long as the low 
frequency cut off is below the frequency at which there is significant energy. 
This raises a problem as the "Tof such coupling circuits is large making 
recovery from a DC transient or shift very long. We have this problem any 
time we change heads or when switching from a Write to a Read. If Twere 
10 ys then for the base line to be fully recovered we require 50.ys or 5T. 

We can take advantage of the common mode rejection of a differential amplifier 
for conrnon mode shifts in DC level, but unfortunately almost all transient 
shifts are non symmetrical therefore differential. We must reduce this 
recovery time substantially as it forces an increase in the formatting time 
lost between records. There are two circuits that can be used that reduce 
T for the duration of a switching transient yet allows the full T for data 
handling. These are shown in Figure 10.3A and B. 
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In Figure 10.3A a chopper transistor is used in the inverted connection 
to short the coupling resistor for the duration of the transient. The charge 
on the coupling capacitor then can quickly reach the level required. After 
just a few microseconds the base drive is removed restoring the T"of the 
coupling circuit. The emitter follower pull down current must be great, 
enough to charge the capacitor to the most negative transient value within the 
allotted time. Care must also be given to the emitter current - base current 
curves Of the chopper transistor as there is still an offset, but this should 
now be common mode therefore the recovery from the chopper offset appears 
much shorter and less noticeable. 

The second circuit shown in Figure 10.3B uses a Fet as a voltage controlled 
resistor. There are two considerations associated with its use. First the 
drain voltage of the transient may force the Fet into the current source mode 
which is past the knee of the Vq - Ip curves which increases the recovery time; 
and second, the capacitive coupling of the gate switching transient to the drain 
can leave an undesirable transient, but this is also common mode or nearly so. 


TheT of the coupling circuit must be at least ten times that for the 
lowest fundamental frequency. This must include the effect of all the series 
coupling capacitors, base and emitter, up to the bases of the differentiator. 
For example, if we had 5 such coupling circuits each with a 'T'of lO.ysec 
then a single one would have a -3db frequency Fj of 15.91 KHz, but 5 in series 
would be down 15 db at 15.91 KHz. The real -3db frequency would be 




UPPER FREQUENCY ROLL OFF 
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The upper 3db roll off is controlled by the upper transition rate. 
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UPPER FREQUENCY ROLL OFF (Continued) 

Generally, the -3db point'occurs near 1.5 times half the transition rate. 

This Is necessary as we need to include the harmonics associated with the 
shoulders. The degree of roll off should be a function of the noise spectrum 
and usually is between 18-24 db per octave. A primary consideration is the 
effect on phase linearity which we will discuss shortly. The type of filter 
depends on the amount of roll off required, the amount of phase correction 
required and the degree of signal shaping required.. Most amplifiers use 
either the Butterworth type filter because of its maximally flat magnitude 
response, or the Butterworth Thompson filter which is a compromise between a 
maximally flat time delay^response. The Bessel filter is also used because 
of its maximally flat time delay characteristics, however, it has poor roll 
off characteristics. A newer approach is to use cosine filters to shape the 
signal before detection in order to improve the PW50. Generally filters are 
concerned with reducing noise while retaining the signal except as last 
discussed. The amplifier must not contribute to the roll off significantly 
as this type of roll off is uncontrolled due to stray capacitances, transistor 
junction capacitances, and Miller capacitance. For this reason, we follow the 
general rule of 10 times the required filter bandwidth for the complete amplifi 
This means that each stage should have a bandwidth greater than IoVn times 
the upper 3db point where N is the number of stages in series. 

GAINS 

The amount of gain required in the linear portion can be calculated from 
the minimum head signal expected out of the Pre Amplifier and the minimum 
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GAINS 


signal required at the input to the Detector. 



V,. 


** ff, Otff & ocitcr*.* 


^ Vtif*! w„». /} fre *nr) 


(EQ 10.2) 


We must then determine the maximum signal that will appear at the Detector 
input resulting from a maximum head signal times the maximum Pre Amplifier 
gain times the maximum Linear Amplifier gain. 


(EQ 10.3) 

If we compare the results of EQ 10.3 to the restrictions to the upper input 
voltage to the Detector, we will see if we need AGC or not, or if we need to 
increase the linear range of the Detector input. For Region 1 and 2 circuits 
it is preferential to use AGC which allows us to reduce the power dissipation 
of the last linear stages. It is also preferred that the signal level at the 
Detector inputs be established at at least -6db below the tolerable distortion 
limit of the Detector’s first input stage. This allows a +6 db margin to 
handle sudden amplitude changes without detrimental distortion. For Region 1 
and Region 2, fixed reference Detectors AGC is required unless the delta signal 
amplitude worse case is less than the Detector limits. Such is highly unlikely. 

As we discussed before it is also preferable to break the gain requirements 
up into several stages of low gain rather than one or two of high gain because 
of Bandwidth requirements. Commercial differential video amplifiers can serve 
well in these positions except for the last stage or stages due to the signal 
output swing requirements for accuracy vs. the IC’s specification. We designed 
for 5.0 Vpp nominal into the Detector because of the 0.1V linear region of a 
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ent switch vs. the percentage reference. As long as the signal remains 
ar where we require the peak this will always be true. 


ICTION 

Often the head signal originates from several sources, such as, 
groupings of widely separated heads, fixed heads and moving heads, or 
d- Verify heads. Such arrangements can be suitably handled by providing 
arate loading and separate amplification at the first stage. The 
iividual first stages can have different gains to accommodate differing 
-el signals. Selection is usually accomplished by a collector dot of 
& individual amplifiers with a switchf<fcurrent source. Such a circuit is 
own in Figure 10.4. There is a commercial' device available, MC1445, that 
rforms the same function though the input dynamic range is limited to a 
w hundred millivolts including offsets. As can be seen this circuit can be 
signed for any signal amplitude gain, Bandwidth, or bias levels. The design 
eludes the usual considerations of linearity etc. Let us assume that the 
put signal is referenced to ground at 200ft differential with a -0.7V DC 
mponent across 402ft to ground each phase. This signal maximum can be 150 mV 
DIFF with a 50 mV maximum DC offset. Bandwidth requirements are DC to 
.MHz. Let us have a gain of 2. This will allow us to connect the Preamplifier 
near Amplifier. First we can calculate R3 from the known value of Ri and 
= 402ft to obtain the desired termination. 


f{ =r 

fZ, 4 — 2. 7 


o i- f *+DZ- ~~ Z&O 


zLC.l ^ 

zli *!'/;) 


(EQ 10.4) 
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Now that we have fixed the collector resistors we need to determine the 
emitter current as that in series with the total emitter resistance RE 
determines the linearity of the stage. 


We calculated a 200 mv pp input maximum; therefore we need greater than 


V. 


Pf 


^ T 


O' zoo t/ 

[OO* 


2-o *—»- 


This then means that we need twice that current to reduce the variables 
associated with r e at this current level. Choose 4.0 ma. 

The main resistor RE can now be determined. 



tr t ^ - 


P 


2.00 
—■ ' jx. 

2 . 


Therefore - 


Z oo z 
~ ** 


8 


Just to see the effect of the emitter resistance, let us tabulate the 
gain change as a function of current I, using 



r e + Rm 

(EQ 10.8) 

(EQ 10.9) 

(EQ 10.10) 

(EQ 10.11) 
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SELECTION (Continued) 


With a 150 mV pp DIFF input signal + 50 mV offset we can have a 200 mV pp 
differential input maximum. 

The collector resistor is based on the 50 MHz Bandwidth and the stray 
capacitance. Notice that this is the stage Bandwidth not the Amplifier Bandwidth. 


We will calculate the capacitive load as Cj. 




0^8 


+ (&■ Pf 


(EQ 10.5) 


200 

Miller capacitance must be included as our source impedance is (2)(2) = 50ft 
which represents the termination and the input cable in parallel single ended. 
Choose Rj_ = 200 = 2 R^and 3^^= 20 


F Miller 

-yjt, 


=r Q. • s~7> ^ i (EQ 10*6) 


OF f to 

I 


£-Ul, = (tvX* L XZy = O ’ 7 £ ****** ^ (EQ 10.7) 


Which means that the stray capacitance dominates with a pole at 64.6 MHz which 
satisfies our requested Bandwidth. 
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SELECTION (Continued) 

interested in the peak input into the differentiator as that determines the 
slope at the zero crossing. We might have improved our chances by settling 
for a higher Zg. This should have been calculated with 2 Zp instead of ZE. 
Although the ratio of r e to Zp is much smaller than our present one thereby 
maintaining linearity over a wider input swing and thereby making the loss in 
gain unnecessary. 

The linearity is determined solely in the emitter circuit (if linear 
resistors are used in the collector). 

The rest of the circuit can be designed with the tools we have already 
established and therefore we will not take the space to repeat them. We could 
emphasize the bias of the current switch used to select the amplifier input 
to the collector dot. The most positive base must never cause the negative 
swing of the amplifier emitters above it to saturate due to V be and IRp drops. 

TOTAL AMPLIFICATION 

With all the previous background we will now design an amplifier to 
connect between the Preamplifier and the Detector. 

If the range of the Preamplifier output was 100 V m -j n pp pjpp to 
150 mVpp including offset, and we wanted a nominal of 7.5 Vpp diff into 
our Detector (S.Opij^ - 10.0 ^ax^PP DIFF) then we can establish the gain required 
and the number of stages. From Equation 10.2 we calculate we need a gain of 
50 MIN and 66.66 MAX or 60.0 nominal. This is obviously too great for presently 
available video amplifiers for the output swing required,therefore we need to 
break it up. A/60 = 7.74 but 60^ = 3.914 which is mucAmore easily manageable. 
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I 

A+ 

A- 

a total 

DIFF 

DISTORTION 

4.0 

2.000 

2.000 1 

2.000 

0 

3.5 

1.9815 

2.0145 

1.9979 

0.105% 

3.0 

1.9575 

2.0263 

1.9916 

0.42% 

2.5 

1.9249 

2.0361 

1.9797 

1.01% 

2.0 

1.8779 

2.0442 

1.9592 

2.04% 

1.5 

1.8045 

2.0512 

1.9238 

3.81% 

1.0 

1.6736 

2.0573 

1.8555 

7.22% 

0.5 

1.3745 

2.0625 

1.68371 

15.81% 

0.25 

1.0126 

2.0649 

1.4460 

27.70% 

i 

0.125 

.66334 

2.0660 

1.17066 

41.46% 


this means is that the distortion at the peak input signal amounts to an 
antaneous gain change of about 2.04% differentially and about 6.1% single 
:d on one collector, the positive peak, and 2.21% on the other collector, 
tive peak. Now we see the reason for increasing the current. The factor 
: is not sacred but strictly depends on the ratio of r e to RE & Rm. If we 
e 8.ma then the distortion would be much less differentially and particularly 
he positive peak. Now the designer has to choose between the power dissi- 
on resulting from the higher currents and the amount of distortion that can 
derated. This will be increasingly more important when we consider the 
er level stages and the differentiator. 

Notice back when we calculated the gain impedance for the differentiator 
.23 and for the Gate Generator where no RE was used we were not concerned 
collector peak distortion since we threw away the peaks with limiters, but 
ere interested in the linear portion around the base line. But we are 

> 
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Or we could use a ua 733 for the first stage with a gain of 10 followed by 
a high level amplifier with a gain.of 6 either would be acceptable but as we 
would like to add some other function, we will go with the 3 stage circuit. 
The amplitude MIN and MAX is shown for each stage in Figure 10.5. 


The bandwidth of the amplifier is to be 50 MHz; therefore we need 

V"i* )50 = 86.6 MHz at each stage. 71* a> ^pjf -^ = 

C T * 1+*) + Cb L + Cm- = 0-r*#(l+ i-t**) + *<*■£>& (EQ 10.12) 

- /3'VJ/v 


< (Z7>)0„ C T = (s-ff/Wt'SXf-W* 


(EQ 10.13) 





T oTAL 




C t • 3 2. 


(EQ 10.14) 


This requires some thought for if we calculate the currents required to maintain 

3__ 

a maximum of 5% distortion we must have only y~5% distortion in each stage 
or 1.7% each. The distortion is worst for the positive half cycle; therefore, 
we will use that value as our 1.7% MAX. 


f'7^ 1 ~ Z±Ti ~ i.on 2^ 


(EQ 10.15) 
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TOTAL AMPLIFICATION (Continued) 

— t 2-ri*s>' 


- -/V;7^ 


/ 


The correct root is 13.58 ma which gives ~ & r c. 

5 - /<«** zl 

- 1-cUji — 1‘jfl I, _ — 

1 - J ~ij. 


— /?•>/ ± 4 707 

2 '(I- 0 ' 4 '*') 


+ **'*?. 


The correct root is 3Z.92 ma which gives Ar e = 1.042^. 

As can be easily seen the small built-in error in the equation is when we 

26 

2(61.32) as Rj when we know the real resistance is T FnST + 5 + Rg to 
determine Ig. 

The value of RE for each of the 3 stages is: 


Stage 1: 

ft, 

26 

- 6Ml -S’ - f~ 

.1 

ii 

• 

V/i 

r* 

1 

zj_ 

(,-n 

- “? 2 • 1 

Stage 2: 

ft. 

r r_ - 

-r- 

1 6 

n-te 

- rv'y- 

Stage 3: 


r- iJ = 

T. 

- S'- 

2 6 

TZ'f 2- 

- i,' S' • > /»- 


I Vv 


c 

(EQ 10.23) 

(EQ 10.24) 

(EQ 10.25) 

(EQ 10.26) 

used 

(EQ 10.27) 

(EQ 10.28) 

i 

(EQ 10.29) 
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(EQ 10.16) 


(EQ 10.17) 
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(EQ 10.18) 


(EQ 10.19) 


(EQ 10.20) 


The correct root is 6.17.ma which gives Are = 1-042 ft 

-r 1 - /r£7f~*' \ /rS7-i^^ \ _ , 4 

Stage 2 is /.„» T___ ).«,» (ifTi^)Y° (EQ 10 - 21) 
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(EQ 10.22) 
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TOTAL AMPLIFICATION (Continued) 

If we used the two current source version as planned then the total value 
of RE will be double or 

104.21, 108.81, and 111.06 respectively for Rg . 

Now that we know the values of the nominal gain and minimum current as for 

Fig 10.6 we can now calculate current sources, supply voltages etc. To do 
this we first need to make a bias diagram. We should also use a PNP stage in 
the middle in order to minimize the power supply requirements. The Bias 
Diagram is shown in Figure 10.7. 

If we DC couple the bases but AC couple in the emitters we can reduce the 
number of decoupling circuits. 

We make the bias diagram by establishing all the voltages including AC 
and DC associated with the collector, base and emitter circuit starting with the 
base. We will allow 6.db margin for the signal swings in every case in order 

to reduce the possibility of clipping. This is thesame as using the differential 

swing as if it were the single ended swing. We will also allow 1 volt margin 
between the base and the collector. ; 

Judging by the Bias Diagram, we can easily build the amplifier using ±15V 
supplies with + 6.2 zener references for the current sources as no collector will 
be forward biased. 

Stage 1 and stage 2 will require a series resistor to develop the correct 
bias for stage 2 and 3. 
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We can now draw the schematic for the amplifier and it is jhc*/* in 
Figure 10.8. 
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The maximum currents are calculated as: 
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(EQ 10.33) 

X 


Is _ fs’-v+ rX)-{’zv sx) - /r*7£> - r-«?s- /<f ^ ( EQ 10>34 ) 

2 M * ,t (m - it) 


= A- 7 -^(EQ 10.35) 

r /Zoo ~ l/J 

To find R 3 max we need to use the following: 
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(EQ 10.36) 


(EQ 10.37) 
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TOTAL AMPLIFICATION (Continued) 

We must eliminate R6 to lower the base voltage of stage three. This is 
mostly because of the large tolerance on Is 3 - 


< c 2 - 


/» ay 


~ ~~-Yl'4 0 ‘r~y - - 3-?77 


(EQ 10.43) 


Vc, ~v< ( - = -(6-tv- St) + Is. 

- — if. 29 i/ (tg Co / ^~'JC Z vr ' v * v ? ^ 


(EQ 10.44) 


The signal swing at the collector is 2.297V pp DI p p and following our 6.db 
margin rule this makes the minimum emitter peak voltage at stage 3. 


- 2.*»7 \/= -1-177- 0-otV 


2 •2 97V 


(EQ 10.45) 


" "<^7V fsU. 

which solves the emitter problem but we still have a collector problem in 
Stage 3. 


The base of stage 3 is +0.48V MAX peak, but the collector is 
3.033V - or -1.4^V 

or an overlap of 0.48V + 1.4bW = 1.%V 


(EQ 10.46) 


We need to raise the collector supply to 17V to handle the collector 
bias problem. That is hard to obtain in most cases as ± 15Volts are standard 

supplies. 
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TOTAL AMPLIFICATION (Continued) 

By using the maximum value we guarantee the collectors will not saturate. 

There will be a difference in Vc for each stage as the worse case is calculated. 
Let's do that. 
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(EQ 10.38) 
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(EQ 10.39) 


(EQ 10.40) 


, y \ / (EQ 10.41) 

V- - -(f'LU-CtJ 4- 2. (2 Jf — Xy) + -Zji.* 

_ _ 59 1/ + z( if'O * ,S ~^ ^ ■*" Q? vr »y 

= -'T'S'fl/ ■+ + V’v/v — —OiZ-2 </ 

With the last result we see we need a couple more volts or so to keep 
the last stage out of saturation which might be accomplished by using 
+15V for Vcc. 

ly __ flf-^x)-- (l Si =Z /tt'ZS [f -(q-T. Sj 

mTj M I ~ \ 

- I'Oj} l/ (EQ 10.42) 


which is too low. 
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TOTAL AMPLIFICATION (Continued) 

Perhaps we can reduce the tolerance on current I S g from 
33.86 ma 45.7 ma = All. 84 ma (EQ 10.47) 

The best solution is to AC couple the bases of stage 3 to remove the 
almost 4 volt tolerance. We can return the base resistors to a nominal 
-3.1V by dividing the -6.2V supply. This will permit all stages to be totally 
linear. The Tof the coupling stage must take into account the base current 
associated with the 33- 45 ma. 

Now we have designed a three-stage, high-level amplifier. Before we add 
filters and phase compensate it let us turn our attention to an AGC stage. 
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obvious if we consider that any common mode voltage influences the 
coupling circuits and depending on the coiwnon mode rejection ratio of the 
following amplifier we end up with a differential voltage change that 
disturbes the signal base line. As there is almost always a non-linearity 
somewhere we should avoid circuits that control the gain by controlling 
emitter current. 

In Figures 10.9A thru 10.9F, the gain control is achieved by a con- 
tolled resistance by either current or voltage. In each case the range 
of resistance is large but the input swing is limited due to the character¬ 
istics of the devices. In the case of diodes, we can examine the Vq-Iq 
curves. Here we see that the signal voltage will be superposed on the 
curve which does affect the resistance instantaneously; therefore, the 
actual diode resistance is a function of the signal voltage as well as 
the control current thru R£. Fortunately, our signal is differential. 

When one diode is conducting more due to a positive going signal, the 
opposite diode is conducting less for the same reason which if we keep 
the swing ,fmall the total resistance, differential^ remains almost constant. 

The input swing then should be kept below 100.mv MAX pp {jjpp. The circuit 
of Fig. 10.9A is driven by a voltage source therefore the attenuation 
is simply 

= + (EQ 10.51) 

I _ vG A STfoL. Vp (EQ 10.52) 

C0+/1&OL. ~~ —____ 
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AGC STAGES 


We approach this design problem by first calculating the total gain^Ax 
required for a minimum signal at the head, minimum pre amplifier gain, minimum 
linear amplifier gain to provide the maximum input to the Detector. 



'"•*) - Vi* 


per /***+ 


(EQ 10.48) 


This gain assures us of linearity margin and correct operation of the 
detector. The next number we need is the maximum signal output assuming 
the amplifier does not limit and using the maximum gain. 


(Vw ***)(A e. a . »**)( = \/ e 




(EQ 10.49) 


The amount of controllable attenuation required then is simply 


per 


Vc "A* 








t~UA/ 


(EQ 10.50) 


If this number is y<**** r than e>s then we really do not need AGC as the Detector 

' f 

dynamic range will handle it if the gain is lowered to make EQ 10.48 = 

VIN DET MIN instead. Assumed = .10 then we need an attentuator with 
at least a 10:1 range. The type of attenuator depends on the signal 
amplitude and on the signal bandwidth. Figure 10.9 shows several types 
that have been used. Contrary to the radio business, our AGC circuits 
must not introduce a common mode voltage change. The reason for this is 
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In figure 10.9B the attenuation circuit is driven by a current source. 

Here the gain of the stage is a function of the parallel combination of 
Rj , R 2 and R D 

(\ - r „—-- (EQ 10.53) 

In both cases there is a common mode output voltage change that affects 
the output base line. Both circuits must be followed by a very good 
common mode rejection amplifier. The diode capacitance must also be considered 
as it affects bandwidth which will change as a function of the control 
current Tchanges. 

In Figure 10.9C and D a Fet is used as the controlling resistor. 

The equations are the same as for the diode versions, however, the controlled 
resistor is a function of voltage. If we examine the Fet curves we again 
find a signal swing restriction. As long as the drain to source voltage 
remains below about 100 mV PP DIFF then we remain in the resistive portion 
of the curve. Beyond that the resistance is pinched and we go into a 
current source mode where the resistance is very high thus distorting the 
signal waveform. We still have a common mode problem due to the gate signal 
being capacitively coupled into the source and drain that may not be common 
mode. Also the gate capacitance affects the bandwidth which is changed by 
the changing resistance 

In Figure 10.9E a different type of attenuator is shown. These circuits 
are multipliers and care must be used in predetermining which quadrants are 
used. With careful balancing these circuits can be made to exhibit no change 
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In output DC or corimon mode voltage as a function of the control voltage. 

As this circuit is basically a 4 quadrant multiplier by biasing Vqj to be 
always equal to or more positive than only two quadrants are used. 

The circuit functions by mixing the two 180° out of phase signals such that 
one subtracts from the other resulting in reduced amplitude. The reason we 
must confine ourselves to only two quadrants is that the gain slope changes 
with the control voltage polarity as shown in Figure 10.10. The reversal 
would cause a malfunction of the A6C closed loop operation. Because of the 
signal subtraction process very careful balancing and phase control must 
be used in the signal path. 

The DC collector voltage level is maintained by causing the current 
lost on one side to be made up by current from the opposite side as the 
control voltage is varied. 


The gain of the circuit is a function of the control voltage and 
the balance within the circuit 


K Vc 

+ 2 f~e. , + Z 


(EQ 10.54) 


Where K is a constant depending on the matching of the diode, the 
transistors emitter-base diode, and resistor R4. 


This circuit has a constant bandwidth only if it is correctly balanced. 

Any unbalance will cause unequal phase delays, therefore, altering the 
bandwidth as a function of control voltage. 

Of the three different types given here, lets choose the FET version. 
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If Rqson MAX were 100^.then the maximum attenuation achievable is,from 
EQ 10.55 


4-100^ 


0>i8 lQ.>r</6 


(EQ 10.59) 


ft (ouM. ujo.vt cam rcAtcAAies CC.T, k/e skou*-? ,*/tA»Ate ot. r* ,o * 

To get an attenuation of 10 we need two in isolated series. We couldy^lower the 
Rj to keep the same attenuation while maintaining above 50 MHz bandwidth. 
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(EQ 10.60) 
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(EQ 10.61) 
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(EQ 10.62) 


As the stage bandwidth calls for JY (50 MHz) then choose 300 ^ for better 
dynamic range. 


The isolation can be obtained with an emitter follower or an intervening 
gain of 3.162, thus maintaining the signal-to-noise ratio as much as possible. 
The circuit is shown in Figure 10.11. Transient coupling recovery can be 
added immediately following the first coupling capacitors as shown in 


fAi/U of 


Figure 10.3A or B or it can be added following both coup!ino capacitors if 


needed. 
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ere are several other considerations. If a junction FET is used, care 
!St be used to see that the gate circuit is not forward biased. This is 
.•sponsible for the capacitive coupling in the two examples shown. We could 
iiminate the capacitors of Figure 10.9D and use a MOS FET as long as the 
3 difference is zero. If not then currents will flow altering the DC 
uiescent point causing a differential shift in the output. A series 
apacitor in either the drain or source lead will eliminate the problem. 

To use the circuit we must first determine the amount of attenuation 
equired. If the attenuation required results in a large resistor Rj then 
che bandwidth degradation must be calculated at both extremes. 


If this is intolerable then the attenuator must be broken up into two 

stages with some gain in between if necessary to keep the signal to noise 

ratio high. In any event isolation prevents interaction. 

Fro ^ fy to. 7 c 
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(EQ 10.55) 
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(EQ 10.56) 
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(EQ 10.57) 


If in our example we want a 50 MHz bandwidth and C p , s is 4.PF then we want 

* _ I 

<c 2.H ft. ( Cys + Cj) ~ (2 rrj[Px^X 1 *) (EQ 10.58) 
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We.could have made the second stage of attenuation like that shown 


in Figure 10.9D with similar results but we would need to calculate the 

T/if fir GA f% £Va> ^ 


attenuation again as it now involves R4 as well^ ® ne of the advantages 


of the series type of attenuator circuits is that the voltage across the 
FET can be maintained below the 100 mv pp max while the input can exceed 
it. Lets look at the maximum signal levels as we maintain the 100 mv limit: 
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which maintains the output FET voltage i.r its maximum. The minimum 
input signal occurs when the FET's are just off while maintaining the 100 mv 
output FET voltage. 
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(EQ 10.66) 


Therefore the input range under AGC control would be 2$~ to 400 mv or 
lb : 1 which satisfies both bandwidth and our required attenuation. 

h. 
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And the decay T is 


(EQ 10.69) 


^DECAY = R 3 C 

if the input current to the Amplifier is very small and the diode leakage 
current is small also. The diode minority carry lifetime does affect the 
decay T. 

The actual gain required is (EQ 10.70) 

( .* ~-v> r _ fi 

A *■ A Vn, \ (2. ^ ' 

We should now turn our attention to the temperature affects since our 
following gain A is so high. Notice that we used a pair of PNP emitter 
followers to drive our Full Wave Rectifier. The base emitter diode nearly 
compensates for the rectifier diodes, but not completely due to the large 
difference in currents caused temperature. Also the current thru R1 must 
be large compared to the current thru R2 in order to maintain PNP emitter 
follower linearity. This means that the temperature of the PNP transistors 
is higher than the surrounding components therefore its Vbe will be less 
and the voltage into the operational amplifier will be more negative. 


This requires a divider in the return ground lead from R6 shown dotted 
in Figure 10.12. Or we can change the PNP emitter followers to NPN and use 
a Vbe multiplier to compensate, as shown in Figure 10.13, for both the two 
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CLOSED LOOP AGC 

Before we close the control loop for the AGC circuits, we must 
develop a DC voltage that is a function of the output of the linear 
amplifier. This can be obtained from a filtered full wave rectifier 
such as shown in Figure 10.12. There are several features of this circuit 
that need to be discussed since there are many other ways this could be 
implemented. 

The gain control desired is a function of the gain in the loop. If 
we desire a 1% output voltage variation then the peak-to-peak single ended 
signal will vary 0.5% Vpp Diff and the Bare to Peak rectified signal will 
vary 0.25% Vpp Diff. For our 7.5 Vpp Differential output signal nominal 
this means that we need to have 

* (v» -4 4r4r) z <EQ10 ' 67) 



to control the full range of attenuation. If our FETs pinch off voltage 
is -5.0V M^x then we need a gain of 


fi 




\/ five* if? 
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(EQ 10.68) 


This would be the case if resistor R2 were zero but there is an attenuator 
formed by R2 and R3 which causes us to raise this gain. Now R2 is there 
in order to slow down the the attack of the AGC to a sudden increase in 
signal amplitude. This is very desirable for two reasons. First we do 
not want to respond to noise caused amplitude variations and record^ it 
permits us to achieve stability of the closed loop circuit using the Nyquist 
criteria. The attacIrT'is 
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junctions as well as the temperature difference. For example if we need 
to compensate two diode junctions at a difference of 10°C, we need to 
provide an additional (10°)(2 mv/o^) = 20.mv correction. This is interesting 
as it is nearly the same as the control signal range of 18.74 mv which 
emphasizes the point. We still have V supply variations to contend with 
or if we stabilize it with a zener we need to concern ourselves with the 
zener temperature behavior as well as its zener impedance. 


The last output diode is inserted to protect the junction FET (Fig. 10-11) 
from positive excursions which would forward bias its Gate junction. A MOS FET 
would not need the diode. If we used enhancement mode FETs we would need to 
reverse the polarity. The potentiometer or a fixed resistive divider is 
added to the negative input to adjust for the charged capacitor signal 
amplitude. That value can be calculated from the following for a PNP emitter 
follower. 
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(EQ 10.71) 


Note that this will be very broad due to tolerances of the two junctions which 
justifies the potentiometer. The squelch transistor is added to discharge 
the AGC capacitor at the beginning of a read function following the selection 
transient, thus reducing the time to discharge from the transient using the 
discharge T. 

The amplifier phasing allows for an N type J FET. If we put an 
attenuator stage ahead of our linear amplifier then we can close the loop. 
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(i 

FILTERS 

Since our ability to determine the peak of the pulse resulting from * 
magnetic transition depends on differentiation then we need to concern 
ourselves with noise. The input stage including the head is the main source 
of this noise. Some of the noise is white, while the remainder is pink as 
it results from both the head i/npedance times the amplifier noise current 
plus any diode currents and the media noise. Particulate media is the 
main culprit. The frequencies of this latter noise falls in the bandpass 
of interest and beyond. We can improve the signal-to-noise ratio by 
filtering out that noise above the bandwidth of interest. We also know 
that the head signal contains harmonics which are required in order to 
maintain the signal PW^q and therefore resolution. For example, if we 
lost the 3 n harmonic then the PW 50 would be widened, and the resolution 
would drop, and the voltage time rate of change at the peak woold be 
lessened giving poorer peak detection. The filter roll off characteristics 
then are important to us. There are several different filter types 
that we could choose from besides the constant K and M derived types. The 
best candidates are the Butterworth, Butterworth Thompson, and the Bessel. 

The Chelbyshev has ripple in both phase and gain, therefore, is useless 
to us unless we want to use the ripple as some kind of correction for 
existing anomalies. The Butterworth has very desirable amplitude character¬ 
istics which are maximally flat in the pass band and roll off with a well- 
defined corner depending on the number of elements. The Bessel filter has 
a very long drawn out roll off which does affect the amplitude of frequencies 
somewhat removed from the poor corner. The Butterworth Thompson is a v 
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compromise between the Butterworth and the Bessel filter. In regards 
to Phase and Group Delay the three filters are rated differently. The 
Bessel filter has maximally flat group delay and the Butterworth 
doesn't. The Butterworth Thompson is again a compromise. Now it is 
obvious that flat magnitude characteristics are desirable due to the 
relationship among the pertinent harmonics. The Maximally flat phase 
and group delay characteristics are not so obvious. If we were to 
take a fundamental cosine wave and add to it a third harmonic such 
that the peak of both start together as in Fig. 10.27, 

\j — A c*9-? t~ •f B c ^> 3 (EQ 10 . 86 ) 

then we will obtain a waveform very similar to our head signal in Region 2 
containing shoulders. Now if we were to repeat our graphical analysis 
with the third harmonic shifted by a constant angle </> then we can 

\j r A Ca cot + I> <**>(} *~> * +<f) ( E Q 10-87) 

see there is peak and shoulder distortion. The peak distortion includes 
both amplitude and peak position Fig. 10.16. Now our main concern is 
the peak as it defines the center of the bit or transition; therefore, if 
we cause unequal phase delay, then we lose peak timing information accuracy. 
As can be seen from Figure 10.15, if our filter introduces amplitude 
reduction of the third harmonic, then the signal PW 50 widens and if our 
filter introduces unequal group delay then we have peak shift. 
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It Is obvious that the Butterworth filter preserves the amplitude but 
distorts the group delay. The Bessel filter will widen the PW50 a little 
but maintains the peak in position. Most filters designed for disc drives 
use the Butterworth filter with a phase correcting filter in series. 

Some use the Bessel but wonder why the shoulders climb up the waveform as 
shown in Fig. 10.16. The answer lies not so much in the amplifier but 
in the head. If we go back to Chapter 3 where we discussed the head 
circuit and Chapter 6 where we discussed the Read Circuit we can see that 
the head is a two pole filter as shown again in Figure 10.17. 


lL = 


The output voltage is determined from the series paralleled network. 
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(EQ 10.89) 
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The phase characteristics of this circuit are not linear, or maximally flat 
group delay, therefore, phase distortion is added to the head signal. When 
we design filters to provide the characteristics we need,the head circuit 
forces a different compromise. The use of phase correcting filters allows 
use of the Butterworth filter without degradation of the PW50 or the peak 
position. There are other approaches that are presently being pursued 
which involve spectral shaping which narrow the PW50 while maintaining the 
the peak position. These approaches permit higher transition densities by 
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eliminating or greatly reducing the peak shift due to pulse crowding at a 
small cost of increased noise. Curves can be generated relating the 
improvements and degradation as a function of the degree of slimning. We 
will not pursue this form of filter here but it might be a worthwhile 
study as it has definite advantages. (Mr. D. Huber is very familiar with 
this approach.) The design of these filters has been made easy by 
several authors of Filter Synthesis books. 


In chapter 13 of Louis Weinberg's Network Analysis and Synthesis 
published by McGraw Hill in 1962 and republished by Kreger Publishing Co. 
in 1975, he gives extensive tables for these and other filters as either 
conventional filters and as equal dissipation filters. An analysis of the 
various filter characteristics by Eggen and McAllister is published in 
Electro Technology , August 1966. 


The Phase correction filters or Phase equalizers are the subject of 
several texts. Chapter 17 of Electronic Designers Handbook by Landee Davis 
and Albrecht published by McGraw-Hill, 1957, is a good source. 


Because the head circuit is part of the total gain and phase response, 
the determination of the amount of phase correction required must be obtained 
from the signal itself rather than as input sine wave to the amplifier. 

There are two sources. The first is the position of the shoulders on the 
head signal. If they are symmetrical around the base line then the phase 
is correct. If the shoulders are not symnetrical but are above and below 
the baseline, then correction is required. The amount can be determined 
by the position of the shoulder compared to a graph, but this is rather 
sloppy as it neglects the phase distortion of the differentiator. 
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The best method requires the use of a current passing near the gap of 

the head which generates a voltage according to the relationship KND<j> . 

dt 


The flux generated by the current in the wire is loosely coupled to the 
head core which causes a voltage to be developed in the head coil that 
can be amplified. The phase measurements at various frequencies can then 
be plotted if we remember to subtract the 90° associated with the flux 
to voltage conversion. The oscillator must be a true sine wave type with 
very low distortion. Function generators have substantial harmonics and 
cannot be used. The series resistor is equal to the Zo of the generator 
therefore I wire is 

r _ Vf'y f) (EQ 10.90) 
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(EQ 10.91) 
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Care must be taken to keep track of the phase expected thru the amplifier 
stage by stage including the linear differentiator of the Detector. For 
constant group delay, the phase must be a direct function of frequency. 

(EQ 10.92) 
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The design of the phase correction circuits must force compliance 
to EQ. 10.92 for all the frequencies possible with the code used, including 
the third harmonic, (of**/ gamirr 

Notice that the voltage output is an increasing function of frequency 
as shown in EQ. 10.91; therefore, care must be taken to maintain linearity. 

To plot the magnitude one must divide by F first. This will result in a 
very good check on the Read damping factor if the Bandwidth of the Pre 
Amplifier is wider than 10 times the self resonance of the head. In this 
case the plot must be taken at the output of the Pre Amplifier so as to 
not include the effects of the filters. Any series coupling capacitors must 
be taken into consideration. 

The above measuring technique is very valuable and has been used 
for many years. If the amplifier bandwidth is less than 10 times Fre$ 

then a graphical solution can be obtained if the gain and phase characteristics 
of the Pre Amplifier are known. 

One last problem that can be discussed is the affect on the AGC 

circuits of a signal in Region 2. Here the various head signals have 

amplitudes as a function of frequency. If a signal was composed of a series 

T 

string of groupings of frequencies that are wider than the 5 " of the AGC 
filter then we have introduced an amplitude modulation not present in the 
original signal. Consider the case of two frequencies, one at the 90% 
point on the BP I curve,Fig. A^and the second at the 70% point as shown 
in Fig. 10.19, for a 20% amplitude difference. The AGC circuit on encountering 
the 90% amplitude signal will reduce the gain then on entering the area of 
the 70% signal will the gain again. The result is a signal with 
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double the amplitude modulation in the areajust following the change. This 
Is shown in Figure 10.20. 

Obviously this is undesirable due to the low amplitude remaining 
just following the 90% to 70% change at B. Also the high amplitude at A 
will affect the linearity range required of the amplifier. 

One solution to this dilemma is to provide a filter before the full 
wave rectifier, but not in the main signal path to the detector, that will 
correct the amplitude differences. Here phase distortion and amplitude 
distortion are of no concern only equality of peak amplitude. Going back 
to the resolution -- our signal will have a resolution of or 77.7%. 

We can introduce a frequency sensitive impedance in the emitter circuit 
to control the gain just as we did for the differentiator of Fig. 9.13A. 


If we do^e can write some equations that relate resolution to the 
gain required. 
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substituting sin 
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From Equation 10.101 we can calculate the ratio of Xc to R at the 
highest frequency which in turn gives the required correction if that ratio 
is used to obtain 

= taZ (EQ 10.102) 

The result then is an AGC system that does not introduce any modulation 
to the output waveform but retains the original resolution. One point 
of interest is that in disc drives where the resolution is a function of 
radius then the resolution must be taken from a compromise track between, 
but not necessarily half way between, the inner and outer radius where the 
resultant modulation has minimum effect. 

We have now discussed the linear amplifier in which we included the 
Region of operation in our discussion as to the blocks required. We found 
that where a percentage amplitude is not required for detector operation 
then a simple amplifier and phase corrected filter is all that is necessary. 

Where a percentage amplitude is required for detector operation, such as in 
gate generators, then AGC or some kind of amplitude controlled clipping or 
gate sensing level is required as well as the phase corrected filters. We 
also provided a means to maintain the poor signal amplitude characteristics 
while using AGC. The latter circuit is also useful for driving amplitude 
controlled clipping or gate level sensing circuits instead of a fixed level. 
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(EQ 10.103) 
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LINEAR AMPLIFIERS 

Figures 10.21 shows a typical filter amplifier block. It can be used to replace 
one of the three blocks we designed back in Fig. 10.8. The filter design is 
for a current input which we have with a conmon emitter amplifier using emitter 
feedback. If we chose a voltage input filter then we must use either an emitter 
follower driver as shown in Figure 10.22 or by loading the collectors of an 
amplifier with a load resistor equal to the filter impedance then we can convert 
a current to a voltage. Note that the voltage input filter must be terminated 
on both ends, therefore, the gain is ha.lf unless the impedance is doubled 
(see Figure 10.24). 

Figure 10.23 shows the four basic types of filters. Each must be 
terminated with its characteristic impedance Z 0 .. The type is determined by 
the input and the number of poles. Figure 10.23A shows a current input and 
four (even) poles, therefore, the output will be a current feeding Z 0 . 

Figure 10.23B is again a current input with five (odd) poles, therefore the 
output is a voltaqe feeding Zo. The next figure 'C 1 is of a voltage input 
filter with four (even) poles, therefore, it has a voltage output to Z 0 . 
Similarly, Figure 10.23D is a voltage input with 3 poles (odd), therefore, 
a current output feeding Z 0 . 

Any filter may be used depending on the design. The current input 
type is handy as it can be used directly in the collector of our standard 
linear amplifiers thus minimizing the number of transitors required. The 
function of the Phase correction filter can also be made a part of the low 
pass filter by making its Z 0 equal to two times the Z 0 0 f the low pass filter. 
This is shown in Figures 10.21, 10.22, and 10.24. Although there are several 
forms of the All Pass filter, the most deisrable is that shown in Fig. 10.26A 
and B. Two types are shown. Each of these can be matched to the low pass 
Zo- The first. A, provides a shift of 180° as a function of frequency 
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LINEAR AMPLIFIERS 

The second provides a 360° change as a function of frequency and can be 
altered as to the rate of change depending on the ratio of its elements. 
This is discussed in the reference. The number of poles of the low pass 
filter depends on the slope of the roll off required. But it also affects 
the phase error rate of change which forces either a 360° All Pass Lattice 
or less poles in the Low Pass. Such is the case in many designs where the 
low pass uses only three poles. Sometimes some degree of phase correction 
can be performed by using either or both lead and lag circuits in the 
emitter feedback path. 
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One of the variations is the use of separate or different filters for the 
gate and peak sensing channel, as shown in Fig. 10.27A and B. 


One last type of filter that has some usage is one derived from the delay 
line differentiator discussed in Chapter 9; only this time the two are 
added directly. The derivation is obtained from the block diagram of 
Fig. 10.28 
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which is a filter with no phase shift except a fixed delay. It is used 
particularly in spectral shaping or in circuits that require no phase shift. 
An implementation of the filter is shown in Fig. 10.30. 
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There is a class of full wave rectifiers that needs no temperature compensation. 
These are the differential type where the Vbe and/or diode drops are symmetrical 
and therefore cancel. The circuit of Fig. 10.3/ can be designed for any compatible 
level as long as the input has no offset and is a true differential input. The 
attack and decay can be tailored, but squelch is difficult due to the lack of a 
reference, unless a MOS Fet is used directly across the capacitor. The chopper 
transistors will not work due to the base current. The optional capacitor, C 2 , 
around the op amp may be added, in addition to the capacitor , Cj. One nicety is 
that C 2 Provides equal attack and decay, while provides the sample storage 
which is at a higher bandwidth than the op amp can handle. The second circuit. 

Fig. 10.32, uses a multiplier configuration. Again, the same comments regarding 
squelch and Cj and C 2 . Careful balance is required of the two current sources, Ij 
and for correct operation. 

Between the AGC control of amplitude with fixed percentage gate references and 
fixed gain with a level controlled reference type detectors, the AGC versions are 
preferred due to their being under closed loop control, while the signal level 
controlled gate reference is open loop, meaning that under worse case conditions 
the reference can wander all over the place. 

Back in the section on AGC we presented equations, 10.69, to describe the attack 
and decay of the AGC. This becomes very important when we consider the signal 
amplitude envelope resulting from a read. Up to now we have mostly only con¬ 
sidered the individual pulses, or just a few in a row. Here we need to discuss 
the effect of variations in amplitude as a function of magnetic coating thickness 
and dispersion. Quite often the amplitude modulation is significant and in 
order to recover all the transitions written each and every pulse must be detected. 
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In Fig. 10.33, at A, there is a 50% amplitude reduction and at B a 100% loss 
due to a hole in the media. We should be able to recover transition pulses 
down to around 15% remaining. As we discussed the detectors we can see 
that the time channel (if it has sufficient gain, or, in other words, if this 15% 
were used as the minimum signal in order to calculate the minimum gain required) 
will always sense these pulses. The problem is the Gate Generator. For Region 1 
we can see that the clipping level must include the lowest amplitude expected 
but not low enough to add false pulses due to noise. In Region 2 the Gate 
Generator becomes even more of a problem due to the compromise between the 
center bit of a triple. Fig. 9.22, and the remaining signal in a defect, such 
as A, Fig. 10.33. In order to assist the detection of these pulses, then, the 
AGC must be able to follow the modulation. As most AGC circuits in use in 
radio have fast attack and slow decay, it is easily seen that we cannot tolerate 
this behavior. If our AGC circuits were designed to have equal attack and decay 
of sufficient bandwidth to follow the types of defects we want to allow, or are 
forced to use, then the clipping level, or sense level (depending on the Region), 
need not extend to the lowest levels near the noise. The T, then, must allow the 
defect to be traversed with minimal change in amplitude. Being a Type 0 
loop, it is obvious there must be some error in order to achieve the nessis^r 
gain change. Therefore the actual output amplitude change should follow the 
dotted lines of Fig. 10.34. 

The same conments apply if the designer wants to use the amplitude controlled 
clipping level approach despite the fact that it is open loop. Much effort is 
lost by attributing loss of recovered data to the clipping or sense level based 
on the average amplitude of the envelope instead of allowing for the defect 
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caused amplitude reductions. With a correctly operating envelope circuit the 
clipping level. Region 1, or the sense level. Region 2, may be raised so that 
the detector is less susceptible to the noise, yet is fully able to sense all 
the pulses. 
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DATA CLOCKING - PHASE LOCKED LOOPS 

In early disc drives and tape drives all data clocking was handled by a 
separate clock track, as shown in Fig. 11.1. As the data density increased 
the tape skew in tape machines and separate head vibration in disc machines 
forced a move towards self clocking data codes. Some relief was obtained 
by breaking up the clock signal into four phases in quadrature and selecting 
the phase closest to the data on a per record basis. These early data streams 
contained long strings of no transitions. Therefore they were difficult to 
use for generating their own clock. Attempts were made, using HiQ ringing 
amplifiers, to fill in the spaces and gaps; but these .all suffered from 
frequency pulling if the tuned circuits were not exactly tuned to the incoming 
data frequency. For example, if the data transitions were continuous, then 
the output phase was a function of the difference between the LC tuned frequency 
and the data frequency. During periods of no transitions, the clock was 
equal to the LC tuned frequency. Therefore the phase error would accumulate 
until the transitions recurred. Variations in disc tape speed prevents exact 
tuning of these circuits. Fig. 11.2 shows a typical circuit. 

The self clocking data codes restricted the maximum spacing between transi¬ 
tions which permitted the use of either single shot controlled data recovery 
and clocking or, better yet, phase locked loop controlled clocking and recovery. 

An example of the single shot type is shown in Fig. 11.3A, where the incoming 
transition pulses include alternate clock and data. The regularly occurring 
clock transitions establish a gate for the following data transition if it is 
present. Correct phasing is always established following any cell not containing 
a data transition such as at D 2 in Fig. 11.3B. 
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By far the better clock generating circuits are the phase locked loops. 
There are four basic types. The type number for the closed loop is obtained 
from the characteristic equation. This equation is derived from the basic 
block diagram shown in Fig. 11.4. The type number is equal to the number of 
poles at the origin of Gy . 

The equation for the Basic Phase Locked Loop is given in EQ 11.1. 
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where K„ is the sample rate expressed as — ^ 

s Z.'fT F.si 


(EQ 11.1A) 


IOk is the phase detector gain expressed as either volts 
^ per radian or amps per radian, depending on the 
circuit used 


K f is the gain of the filter in standard LaPlace notation 


K is the gain of the amplifier expressed as either volts 
per volt, volts per amp, amps per volt, or amps per 
amp - again depending on the circuit used to interface 
the filter to the oscillator 


K is the gain of the oscillator which can be expressed 
as radians per second per volt or radians per second 
per amp, depending on the circuit 


The frequency to phase conversion is simply 


-- a mathematical integration. 
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FIGURE - Type 1 Second Order Step Response 
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FIGURE — Type 2 Second Order Step Response 
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The type number Is determined by the number of poles at the origin of G(s) for 
unity feedback and H(s)G(s) for non unity feedback. Thus, the single “s" in 
the denominator of EQ 11.2 indicates a Type 1 loop. 
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(EQ 11.3) 


and a Type 2 for EQ 11.3. 


(EQ 11.3) 


The order of the loop is determined from the highest order of the characteristic 
equation, which is the denominator of EQ 11.1, as 1 + G(s) =0 ^C.E.) 

Picking up the equation G(s) of^ll.2 in EQ 11.4, 

• - 1 '> JJrJTi) ' ° (EQ 11.4) 

we get S(tJh) = T S" +J (EQ 11.5) 

which states the circuit to be second order as S is squared. 

Similarly, EQ 11.3 would be a third order when evaluated. 


We can now evaluate the error conditions for various inputs. 
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For a step change in input phase, in radians, 1 (<pJ 
Therefore 

(0 = 0 

^y*rr 5 ( I + Gqj) <*t t = • 

For a Type 0 loop where G(s) is 
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5 = o 


c - [*A 

*' s ~‘l s ( l+ £,) 

which iS ft C C n/i T*4 /V "J~ 


ft. 

Tn-i 

<Ps 

/4K 


=. ^ f s ( t > + ‘X 7 (EQ 11.8) 


For a Type 1 loop, where G(s) is 
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For a Type 2 loop where G(s) is 
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Similarly, for a Type 3 loop where G(s) is 

Ct, = “(nn-iXvn) 
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which is, again, 0. 


For a ramp change in input phase 
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which is zero 


And for a Type 3 
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which is zero. 


We can also evaluate the various types for an accelerated phase changing input 
where i n . . (p A 

f y (EQ 11.16) 

wherein we find that the various errors are for a Type 0 and Type 1 infinite. 
Type 2 constant, and Type 3 zero, which can be determined by the reader from 
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We can make a table for the various conditions and types 
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if we remember that to convert from phase to frequency we multiply by S, as 
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for a Type 1 step change in frequency. 
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(EQ 11.18) 


When we choose between the various types, then, it is desirable to have all 
input variations result in zero phase error. This only occurs for a Type 3, but 
in practice the 'accelerated phase' condition, if it occurs, is only for a short 
time. Therefore, as the Type 2 is easier to build, it is preferred. This is 
borne out in testing, comparing the two in disc drives. 

As we developed the equations for G(s) for the various types the reader may 
have noticed the addition of zeros for Types 2 and Types 3. This needs explanation. 
The Nyquist criteria requires the phase shift to be more positive than -180°at 
the point of the zero db gain crossing of the open loop G(s)H(s). For Type 0 



































and Type 1 the maximum phase shift is -90° and -180° respectively, at infinity. 
For Type 2 the phase shift starts out at -180° and heads towards -270° follow¬ 
ing the pole. To make it stable, a zero has to be added before the pole. For 
Type 3 the starting phase is -270° heading towards -360° due to the pole. The 
addition of two zeros before the pole brings the phase above the -180° required 
for stability. In all cases the pole is not required but is usually present 
due to stray effects. 


The addition of these poles and zeros introduces another parameter called 
'order.' The order of the circuit is determined from the order of Characteristic 
Equation, or the denominator of EQ 11.1, (C.E 
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For example, if H(s) for unity feedback and G(s) were 
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(EQ 11.19) 
then 


s(rn-l) + 


a - 7" ; ^ 4- j K 


(EQ 11.20) 


which is a second order equation, hence the term 'Type 1 second order,' when 
referring to that circuit (see also EQ 11.5). First order and second order 
circuits are well described in the literature and there exist many curves 
and equations relating their behavior. Third order and above are more 
difficult to predict, except as the entire equation is evaluated on a computer. 
The tradeoffs are not easily seen, as with the second order circuits. 


For example, second order circuits can be described in terms of and 
and are easily changed to obtain the required responses. Figs. 11.5 and 11.6 
show the step response of Type 1 second order and Type 2 second order, respec¬ 
tively. 
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The open loop Bode plots for several configurations are shown in Figs. 11.7 
through 11.12. These are not the only ones possible but are representative. 

In each case notice the stability criteria constraints. In Figs. 11.7, 8, 9, 
10, and 11 the circuits would be unconditionally stable and in Fig. ll.it.it 
is stable only if the gain goes to zero well before the phase reaches -180? 

In Fig.11.11 stability is only achieved if the gain goes to zero between the 
zero and pole. Due to stray capacitances the stability of Figs. 11.10 and 
11.12 are questionable but predictable. The circuit used to obtain Fig. 11.10 
is quite popular and is often used in the trade publications. 

The -3db bandwidth in radians/sec is given for a Type 1 second order system as 

( - k'n 77- £ ) + ~J~z - ) z ~+ 

and for a Type 2 second order circuit as 
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The settling time for a step response (within 5%) for a Type 1 second order 
system is approximately 

3 ^ (EQ 11.23) 

The curves of Figs. 11.5 and 11.6 correctly predict this behavior. 
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The Bode plot of Fig. 11.11 requires some further treatment as the presence 
of the added pole makes it a Type 2 third order, which is not so easily 
discussed. The Characteristic Equation is 
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T,$* + + KT t S + K M n * 25 > 

We will return to this later, after we have demonstrated the difficulty. 

Our best approach is to provide circuits to fill the blocks and then design 
several loops as examples. 

Detectorj 

The phase detector takes two forms, either the non-harmonic type or the harmonic 
type. The first is the kind usually used in frequency synthesizers for continuous 
waveforms. There are several forms. We will restrict ourselves to only the 
digital forms, as they fit the circuit blocks we might use. The second are 
insensitive to missing cycles or pulses such as occur in a data stream. The 
first kind develop false errors if a cycle is missed. Since we need both kinds, 
we will develop several of each. The test of a phase detector's function is the 
phase transfer curve, which relates the detector's response to various phase 


errors. 



f(C (('<( 



fig ihiy pi 

QvA0Aat^/C£ too»S HAX./*Oa/H <$ P6T&C7&/Z. 



Fig (I• i *c 


frtAse -tfifiiuifeA. cukv£ 
fax. QuAp KAlu/t£ peT£c TO.Z 



Fl(r thhf * 

V NOtJ HAXno/Jcc £p perfcro/Z. 



Non Harmonic 


There are two forms of these. The first always produces both UP and DOWN 
errors. The average of these two errors becomes the error signal. The 
phase reference is Tr/2 radians; therefore they are called quadrature phase 
detectors. Examples of these are the exclusive "OR" circuit or the multi¬ 
plier configuration which is a current exclusive or output device. 

In Fig. 11.13B we can see the operation. Any phase shift to the left (early) 
or to the right (late) causes a shift in the area of the UP or the DOWN error 
which, when filtered, produces the deji fed error. The circuit has no dead band 
as a result of the two errors always being present (see Fig. 11.13C). 

The second form are the "in phase" versions. They produce an error referenced 
to the edge of the waveforms. The circuit of Fig. 11.14A is one of these. 

This circuit is useful but suffers from some dead band due to setup and 
propagation times. Also, the filter must be able to handle very narrow pulses 
when the phase errors are near the phase reference. As also the logic family 
chosen must be able to handle the pulse widths (Fig. 11.14C). The circuit 
of Fig.11.15A does not exhibit dead band and is therefore preferred. There 
are conmercial versions of these available; the Motorola MC4044 and 12040 
being typical. These have similar waveforms to those discussed. Again, dead band 
and logic speed need consideration, particularly when the logic response times 
are an appreciable part of the duty cycle as this increases the tolerances 
or phase jitte^which can be referred to as spurious sidebands^in the closed 
loop operation. 
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larmonic Phase Detectors 


These detectors are required for data synchronization due to the nature of the 

. . data. A stream of ones and zeros require insensitivity 
to the missing data. The detectors already discussed fail in that they produce 
false "DOWN" error at the missing data time. The design of this class of 
phase detector includes circuits that allow the phase detector to work for one 
cycle following an input pulse. 

One version of this is shown in Figs. 11.16A, B, and C. The circuit is similar 
to the non dead band version just discussed except that a gate has been added 
to condition the lower "D" F.F. clocked by the oscillator. The delay must be 
equal to/>r slightly less tha^one-half period of the oscillator plus 1 logic 
delay "C-Q" and 1 "D" setup time. The difficulty of this approach is that 
the input frequency has some tolerance due to tape speed or rotating discs. 
Therefore the phase transfer curve has a truncation at the leading edgeA. 

If the total delay were greater than a half period plus the other two delays 
then there could occur a false down error of 7r or greater, depending on the 
location of the following^pulse. The circuit of Figs. 11.17A, B, C, is no 
better off as it also requires a delay. Here the incoming data sets both the 
UP and the DOWN error simultaneously. The UP is reset by the fixed delay 
and the DOWN is reset by the oscillator. The resultant error is the difference 
in area of the two wafeforms. The reference $ is the output of the delay line. 
The delay required to reset the UP FF must be equal to or less than one half 
an oscillator period. If it is greater, then the phase transfer.curve is 
distorted in that the DOWN error is shortened at the previous oscillator edge 
instead of the correct edge for a late pulse. Fig. 11.18. For delays shorter 
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alf the oscillator period the phase transfer curve is trvnatec/ . a s 
i seen, the need for a conditioning circuit causes the phase transfer curve 
less than ideal due to the fixed delays versus the variable oscillator 
d and/or the input frequency. 

:tor Interface 

jutput of all the phase detectors illustrated so far are voltage pulses, 
interface to the filter sometimes calls for a current. If this is the 
irement then the voltage output must be converted to a current. Where 
ow pulse widths are expected, as will occur in the circuits of Figs. 11.14, 
5, and 11.16, the current conversion circuit must have very wide bandwidth, 
rent switches of both polarities are often used, such as in Fig. 11.19, or 
■nail capacitor can be added to a resistive convertor to "store" some of the 
rgy of narrow pulses before integration, such as in Fig. 11.20. This will 
:ome more obvious as we discuss filter circuits. The gain of these detectors 

"JO 

i V Logic Swing for the voltage circuits and - for the current 
i tch forms. 

>ther type phase detector is the sample and hold. It requires a time varying 
Itage driven by the osci11ator y which is always of the same slope,and a sample 
'cuit. These are inherently Harmonic detectors in that the sample is always 
itiated by the incoming data. The pulse width of the sample gate must be 
ill compared to the oscillator half period. Also the ramp must be symmetrical 
>und some reference. Some phase locked loops are built around a ramp oscil- 
;or which automatically provides the time varying ramp. One problem with 
slope ramps is that a very fast return edge is required. This could be a 
■y fast capacitor discharge (Fig. 11.22) or it could be a 180° phase reversal 
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of a symmetrical triangular wave (Fig. 11.23). The latter type are easily 
obtained from the oscillator by using an amplifier similar to that which we 
developed to handle two separate inputs as in Fig. 10.4. 

The sample gate must be able to handle the full swing of the ramp and pass the 
charging or discharging currents into the hold capacitor within the period of 
the sample. There are two kinds. The first is illustrated in Fig. 11.24 and 
is a transformer driven diode bridge. It can handle both the positive and 
the negative portions of a ground referenced symnetrical ramp, as well as the 
discharge and charge currents of the holding capacitor for bidirectional 
samples. 

Another form that is currently popular is the analog switch shown in Fig. 11.25. 
This circuit has series resistance and therefore requires careful consideration 
of the RC time constants of the hold capacitor and Rqs oh of the Fet. The 
phase transfer characteristics of these circuits is shown in Fig. 11.26. The 
limitations are the sample period and the bandwidth feitrutfons to the fast 
return slope. 

There are no commercial versions of harmonic phase detectors available. However, 
the non harmonic types already referred to can be made harmonic by the addition 
of the en able gate structure shown in Fig. 11.16A that is made to block the 
oscillator input in the absence of data via an AND gate or the reset input 
to the lower "D" FF. 
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Oscillators 

These are all either voltage or current controlled oscillators. Their purpose 
is to produce an output frequency that is a function of some control input. 

They can take the form of controlled multivibrators, controlled LC oscillators, 
or controlled sawtooth oscillators. There are a large number of corrmercial 
types available and many other circuits using discreet components that can be 
built. Except for the linear LC type oscillator, their frequency period is 
subject to the noise around a threshhold amplitude where the level of charge 
on a capacitor is used as one extreme of the oscillator output swing. Some 
commercial types require very careful power supply filtering or isolation in 
order to reduce their susceptibility to injection locking, even though separate 
pins are provided for the oscillator power and the output driver powers inputs. 

Very careful layout and component placement is required for best stability or 

minimum phase jitter. This is particularly true for the control input which 

is the error voltage or current. y 

A voltage controlled multivibrator may be constructed from a bidirectional SS 

circuit with positive feedback. The circuit is shown in Fig. 11.27 and can be 

2 

designed for either ECL outputs or T L output, depending on the positive supply 
and the resistor ratios f?, /f.used for the clamp. Sensitivity can be altered 
by changing the ratio between R 3 , R^, and R^. As the value of R^ is lowered, 
the change in frequency as a function of the control voltage is smaller. 

The frequency is determined by the clamp voltage, the current source values, 
and the capacitor value. 

' l 
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(EQ 11.26) 



(EQ 11.27) 


*Cf 



(EQ 11.28) 


Another ECL oscillator can be built using the line receiver 10116. Here the 
discharge current for the capacitors is provided from the four emitter return 
resistors supplied from the control voltage. 
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A simplified schematic is shown in Fig. 11.29A. If we refer to the waveforms of 
11.29B, then we can see the operation of the oscillator. The most positive level 
is clamped by the output emitter followers. The actual voltage is determined by 
the Vbe drop resulting from the emitter current. The other side of the capacitor 
would normally be pulled down to around -1.8 volts, but the capacitor will not 
allow this change until sufficient charge is accumulated via the resistors and 
the control voltage. The non-conducting base, B3, voltage will be held steady at 
-0.6 volts while the conducting base, B7, will be pulled above 0 volts by the 
action of the capacitor. The capacitor discharges to the point where the base 
voltages are equal, which initiates the reversal. The gain of the other stages 

frh€ 

increases^ope of the RC waveforms around the transition region in order to 
improve stability. One of the greatest concerns is that the base voltage of the 
conducting transistor is above ground while its collector is around -1.0 volts> 
Clearly Saturated. fo.uef LSvfi n».rt »sc*r,*e. 

Ua/<FA< oPCAATi*** ay 7 Fgf&UfVly // 7 * 4 * V& j4C77oAJ 

A sawtooth oscillator can be built using discrete components. One of its 
biggest problems is the flyback circuit and the time for flyback. It is shown 
in Fig. 11.30A. Saturation storage time can be minimized by using gold doped 
transistors or schottky clamps. The flyback transistor base pulse width is 
controlled by the propogation time thru the comparator and can be extended by 
the use of a capacitor Cg. 

The frequency is controlled by the current source Q1 as controlled by the 
control voltage Vc. The peak of the waverform exceeds the comparator voltage 
due to the comparator response time. The base drive for is increased by the 
emitter follower Qg. As can been seen, there are a lot of tolerances or 
dependencies that affect the frequency. These type oscillators can only be used 
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for "low" frequency work meaning below a few Mega Hertz. Above this, the flyback 
time takes an appreciable portion of the cycle thereby altering the phase transfer 

r i ****** p*euAT04r 

Some of the conmercial version^yinclude the M(4024; 
1648, 1658, 74S124, and 74LS124). Of these the MC1648 is *n LC version oscillator 
that requires a voltage variable capacitor to control the frequency. Data for 
these are contained in their respective data sheets and will not be discussed here. 

The gain of the oscillators is expressed in radians per second per volt, 
or radians per second per amp. depending on the type filter. 

f/L7£K5 p Urpose 0 f thg filter is primarily to provide some bandwidth limitations 
While providing the desired poles and zeros for stability. If we look at 
it contains a single S term in the denominator from the frequency to phase 
conversion. This by itself provides a pole at the origin making a type 1 loop 
without'adding any other components. The response time of the loop to a step 
change in phase is shown for second order systems back in Figs. 11.5 and 11.6. 
Knowing the overshoot permitted and the repsonse time for settling, the bandwidth 
can be obtained from the graphs. The filters take three basic forms. 

The first filter. Fig. 11.31A, interfaces the logic blocks producing the 
up and down errors as voltage pulses. Its transfer function is stated below. 

The effect of is to capture the narrow error pulses that the OP amp cannot 
respond to. 

t, = I.(£ + 

o v = -i, + 


(EQ 11.29) 
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\4 


+■ 77 5 


U Cl $ 

5 + i 


(EQ 11.33) 


Ah. Of 


I, - If 


(EQ 11.34) 


14 


/A/ 


14 G5 


< f ( L c > +ij fi L C l S±\ 


(EQ 11.35) 
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1 J_ 1 

Notice that this filter has a zero at R^", a pole at and a gain of 

The filters of Fig. 11.31B can be analyzed by considering the voltage out is 


k. 

\ 6 + / 


(EQ 11.37) 
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(EQ 11.38) 
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(EQ 11.39) 


rc 1 c 2 


Which is a pure, integrator, a zero at RC 9 , a pole at r , r - , and a gain of 

_J_ £ l 1 l 2 

C-j+C 2 . As can be imagined, the added S in the denominator can be used to 

change a type 1 to a type-2 loop. 

The filter of Fig. 11.31C can be similarly analyzed. Here the imput is a voltage 
such as might be stored on a holding capacitor 


k = 


?■ j- 
c7 * c * £ 

~ 4 - ft + -L 
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y$ (c,+c,.) 
s( ftC ( c L s + ttvJ 


(EQ 11.40) 




(EQ 11.41) 
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1 

RC,C, 1 

Again there is a single pole at Cj+Cj , and a gain of C, +C 2 . This would be fine 

t" 

for a type 1 system as it does not introduce a pole at the origin. The filter of 

Fig. 11.31D is for use with a current input 

\J 0 = zLr 

_ _J_ = Ultll — (EQ 11.42) 

~ Cl 5 C u 5 

A fa 0 f 

— \y 

which is a single zero at RC^, and a pole at the origin. K This particular filter 
is not reliable at high frequencies due to stray capacitance, which makes it 
look like EQ 11.39 where C 2 is C-j of EQ 11.42 and is the stray capacitance 
in parallel. 

There are many other variations that could be desired depending on our 
requirements. For our examples we will use the filters of Fig. 11.31A and B. 

The filters can be used if the pole associated with the stray capacitance is 
far removed from the zero. The last remaining block is the sample rate block. 

Usually with a data stream there are at least two (a maximum and a minimum) 
pulse rate that are subharmonics of the oscillator frequency. Therefore, there 
is a maximum gain and a minimum gain to be specified. Both cases should be 
calculated. The loop performance usually requires the maximum peak overshoot 
response to occur at the maximum gain therefore this value must be used to 
establish the loop conditions. The sample rate gain is 

(iS.tc ~ fore. (EQ 11.43) 

for the filters we will be using^or if we used the zero order hold circuits 

J l 
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such as sample and hold the gain is 

nr ^ 

u/ f 



(EQ n.44) 


where W is the radians per second of interest and WS is the radians per second 
of the sample rate. 


The design of a Type 2 phase locked loop is shown in Fig. 11.32. We will 
first specify the loop. The input shall be Fn =2.5 MHz. It shall have a maximum 
peak overshoot of no more than 5% and a response time of 2.0 ys to within ± 5%. 

The oscillator shall run at 5.0 MHz and shall be able to capture within + 20% 

of 5.0 MHz and be able to follow frequency excursions of + 5%. 

If we look at the graph of Fig. 11.6, we see that a ^ of 2 meets the 

criteria of 5% maximum overshoot. The error comes within -5% at around a 
W*t=0.5. Since we want to settle within + 5% in 2 ys, then 

0 -> 0 ‘~ c 

~ —f~ ~ ~(EQ 11.45) 


The gain of the oscillator is determined from the curve. Fig. 11.33, for the MC 
1658. If we choose a nominal control voltage of -0.7 volts, the FC. product is 
950. For a frequency of 5.0 MHz, the capacitor must be 


mh 


IfO, fF 


(EQ 11.46) 


which can be made up of 180 pf + 10 pf or 180 plus a variable capacitor to 
fine tune it in. To obtain + 20% range, the error voltage excursions must 
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(EQ 11.47) 


on the curve. These control voltages represent at 1140, up to -0.45 volts and 
down to 760 at -0.95 volts. The gain Ko of the oscillator is in radians per 
second per volt 
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The gain of the phase detector is 




(EQ 11.48) 
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(EQ 11.49) 


The gain of the K sample is 
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(EQ 11.50) 


The gain of the filter is Kf 
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To get ^ and Wn specified, we need to write the entire equation. 

an attenuator Koe as we may need it. 
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(EQ 11.51) 
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(EQ 11.51) 
continued 
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If we look at the characteristic equation or the denominator, we can determine the 


response 


C.E. = #1 Cl S'" ( S +') + (EQ 11.52) 


+ + jUlm i ^ ^45 + >«*•*<C, . „ 


(EQ 11.53) 


which is a third order equation which was forced on us by the inclusion of used 
to improve the repsonse to very narrow phase errors. If we ignored this C-j and 


rewrote the equation making sure in our design that the pole RiCi is more than a 
decade above the zero, we can proceed with a second order solution. 
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(EQ 11.54) 


now rewriteing equation 11.52 
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(EQ 11.55) 
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(EQ 11.59) 
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going back to 
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Now we know that 


k± - = {i.7,c*,s)c l 
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If we choose 0^= 1.0 x 10 farads, then 


(EQ 11.64) 
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which also means that 
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so if Ko<were 1, then would be 

= S".b6jc<o^ - 9 Sio . 
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(EQ 11.67) 
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Therefore we may need an attenuator for interface purposes^. Now we have all 
the parameters we need for design. We should review.the change in voltage out 
of the OP amp to see if it can drive the attenuator for the frequency range 
since we need some interface to the IC. 


ft = T ^ ~ 


(EQ 11.67A) 
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(EQ 11.68) 


Now we know R^, R£, and C^, we can designate the locations of the zero. 
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(EQ 11.69) 
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We can now draw the Bode diagram knowing all the information we have. We now 

need an equation to describe the zero gain crossing Wen of the -40 db/decade 

o 

(-12 db/oct) slope determined by the S in the denominator. 
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(EQ 11.70) 


= J l (>■- 2 ' r ^ r (EQ11 - 7,) 

4 

which checks with EQ 11.45. The zero is located at 6.25 x 10 rad, the phase 
margin at the 0 db crossing of the open loop is 86.4 as obtained from Fig. 11.33,6 
and 


0^ = LZ' 6Z'( IO ‘X 11 

= &J' iL = si-*' 




(EQ 11.72) 


We should investigate the phase error that results from using the OP amp. The 
high frequency gain of the OP amp is j^- = y^TTl^ro^ 3 ^ 
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The manual for a ya 741 shows a phase shift,closed loop^at a gain of 1.36 of 
around 45° at 0.7 MHz or 4.4 M rad above^ r 0db crossing which dictate* a 
loss of about 12.8*phase margin and some increase in overshoot and settling 
time. The same goes for any pole we might add by placing a in position. 

^ "jT = ~iCc, =t ° (EQ 11.73) 

r _ __ ft— -7Y“ .= ■}■<?(&£> fyj 

which is the largest capacitor, we could add half way along the R-j or at the 
586 to 586 jv junction without subtacting more than 5° from the phase margin. 
This would place the spread between the zero and pole of ^ = 6°25 x T0^ = ^0 

which is adequate. Now the phase jitter is described by the equation for a step 
(|) error of IT 
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(EQ 11.75) 
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(EQ 11.77) 


The solution is 


(EQ 11.78) 




iU ^' ^Jl -Y t — CcrO 



As can be seen as long as we keep the bandwidth up to improve the response 
to a step change in phase, we introduce 0 errorxin the oscillator tvA/cA 
always occur when reading written transitions due to both noise and putse. inter¬ 
ferences as discussed before. The ideal solution would be a system that would 
lock up fast and then revert to a low bandpass loop while reading transitions 
associated with the customers data. This is accomplished by having a preable 
prior to the data ansato be used for locking the phase loclced loop then changing 
the location of the ze^ perferably^to lower the bandpas^ and hence the jitter. 

Now in the example just cited, the zero is the result of and C£ around 
the CP amp. We could change the location of the zero without changing the gain. 

If we examine G, \, the gain of the filters is D 1-- which means we could lower the 
is; K i 

zero by only changing f^. We could do this with a Fet if we could accept the 
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transient associated with the C^ s$ of the Fet. If we did this, we could see 
from the resulting Bode p/v>t that we really need to lower the gain at the same 
time, in other words we need to lower Wen the same amount that we lower Wz, but 
Wen = ith therefore, we need to look elsewhere to do the job or allow greater 
time for lockup or allow a compromize. 

There is a better filter that can easily be used that allows both gain 
and Tz to be changed by only changing one component. If we use the filter of 
Fig. 11.31B in conjunction with current convertors for the phase detectors, we 
get interesting results. 


Qo) - Kj Ky Kf- fu 


(EQ 11.79) 


Now the gain of is in radiali or I source/T radians. The gain of the filter is 
given in EQ 11.39. 
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Therefore, the characteristic equation is 
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(EQ 11.82) 
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which is a third order equation again. We can take two approaches. The first is 
the same as before where the pole is widely separated from the zero by at least 100 
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(EQ 11.85) 


If we take the same parameters as before, the filter would be that of Fig. 11.31D 
which has an impedance as given in EQ 11.42. 
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If we let C 2 = 10~ 8 F*- ri - c *> as before, then 
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(EQ 11.89) 
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which looks familiar. We could raise the current by changing C 2 and as Cg 
as part of the gain. The current source could be 145. ya without an attenuator 
a 1.45mA with a 10:1 attenuator which should be better unless we run into 
linearity and range problems. would be 

Cfc^ “ (EQ 11.95) 


Now we can calculate Wen 
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7^ - /ffu - /■&*'** ( E Q 11.97) 

which all gives the exact same Bode diagram as Fig. 11.330with a loss of 5° phase 

margin at the zero db crossing except we do not need an OP amp. To get our lower 

-4 

Bandpass for less jitter, lets change Tz to 1.6 x 10 . To lower the Wz and the 

gain,we simply raise the resistor R of the filters by 10 and change the current 
of the current sources by^io) from 1.45^a to 14.5 ya. This would work very well 
as the pole associated with does change therefore, the loss of phase margin 
is less. There is no disturbance to the error voltage by changing R unless the R 
switch introduces an error due to stray coupling. The whole Bode pjot moves down 
by 1 decade meaning that the settling time is now 20 ys insted of 2 ys which is 
ideal after syncronization. 

The second version is to make the separation of the pole and the zero 16 
in order to get as good a phasr margin as possible. Unfortunatly, we cannot obtain 
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Therefore, at the centroid we have a maximum phase margin. If the data recorded 
has several frequencies such as IF, 2F, and 1-1/3F, then the IF and 2F, in radians^ 
should be placed on either side of the zero crossing equally spaced on log paper 
Fig. 11.34. This will provide the best possible phase margin for all frequencies 
of interest. If the spread between frequencies is large, then a w/der spacing is 
required between the pole and zero. Notice that the gain K of the loop is changed 
by the data (sample) rate. Therefore, all frequencies of interest should be given 
the best possible phase margin. Such will be the case if,in our example / starting 
at EQ 11.86 the sample rate were used that corresponds to the lowest sample rate, 
then for all higher sample frequencies the system should be stable unless the 
pole is exceeded (associated with RC-j). It should be »pteJ that the phase margin / 
hence^is a function of the spacing of the pole and zero. 

Since the solution of a third order equation is not so straight foward 
we will try another approach, (from G Winner and R. Spencer) 
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a phase margin sufficient for a of 2, so lets see what we get if we keep the 
zero at the same location. 


_Cc_ 

It-/ 


\o % 

___ 




-IO 

o 


CC(>. pr 


(EQ 11.98) 


substituting in EQ 11.81 



(EQ 11.99) 
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(EQ 11.100) 
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l _ 

+ 14-197*'* X K+ 
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The usual method of making the Bode plot is to locate the centroid between 
the zero and the pole on the W axis on semi log p^f^r and draw a line with a slope 
of -20 db per decade passing thru zero db. Then on this line locate the zero and 
pole and draw lines -40 db/decade passing thru eac^ the pole and zero making^the 
line thru the zero extend to the 0 db axis. The intersection of this line with the 
0 db axis is equal The phase bulge extends from -180° on the left upwards 

peaking at the centroid and trailing back to -180° to the right according to the 
equation. 
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Note that the (1 - —) term would cause peaking at a much higher frequency than 
the other two terms. Hence, for nemmti peaking, we need to balance the affects 
of the other two terms. For closed loop bandwidth where 

I fy-j) ~ i ^ ^ 

and was solved numerically and shown in Fig. 11.35. Closed loop peaking 

cL t~> 


LJ - (> K 



The solution is shown in Fig. 11.36, 37, and 38. For various values of x we can 

3 

tabulate the peaking resulting from ignoring the S term and applying the above 
derived corrections. These are tabulated in Table 11.1. 

Table 11.1 


3 3 

X_ Ignoring S Corrected for S Improvement 


4 

4.5 

db 

4.44 

db .. 

.06 

db 

10 

2.12 

db 

1.74 

db 

.39 

db 

16 

1.56 

db 

1.08 

db 

.78 

db 

20 

1.37 

db 

.86 

db 

.51 

db 

25 

1.21 

db 

.70 

db 

.51 

db 
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As can be seen, the further apart the pole and zero (X ) the more the amount 
of error decreases which is what we did when we made the W pole 100 times the 
W zero. The improvement is noted in the right hand column. 

To obtain minimum peaking in the frequency domain, either K should be 
increased or Wz should be lowered from the values that would occur if we 
ignored the cubic. These are listed in Table 11.2 

Table 11.2 


X_ 

W* normal 

W min peaking 

4 

.707 

• .648 

10 

.562 

.425 

16 

.500 

.340 

20 

.473 

.310 

25 

.447 

.280 


Thfe results of these tables are plotted in Fig. 11.39. They show the correction 
as well as the centroid approach values as a function of X and X-uy^ 


‘ I 
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As can be seen, the gain required for best operation is higher than one would 
expect using the graphical design approach. It also makes the Odb crossing further 
towards the pole which would reduce the phase margin. Using the classical approach, 
this would spell trouble and would, therefore, be avoided. The real problem is in 
predicting the behavior of the loop when it is third order or above. It also 
presents an easy solution to knownproblems such as can be achieved with second 
order circuits. 

To complete the design the Wo = ‘tTK"was located at 1.23 x 10 5 , therefore, 

K = 1.513 x 10 10 for the first solution. Fig. 11.34B, then when we modify it for 
^ = X = 16, we get the new value of K from Fig. 11.39. 


- z-s(? 


-■ (}' s ^X 


(EQ 11.110) 




/• 7 Sf*J 


K = ft-7f HO 7 )'' - *■*>'' (EQ 11.111) 

« h <£ H-So 

'I'tKSlio* = Ks K<P Kf K* (EQ 11.112) 
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(EQ 11.114) 


$. If S' 

= 7f - 3 /^ a ~ 

For a reasonable current, we could use an attenuator of say 10:1 so the current 

can be raised to 793 pa for the higher gain. This we should do anyway because when 

we lower the zero and h**ce the gain, we will require only 7.93 ua (from Wz changes 

Ttf 

VFbyVToTf. We do need to concern j ourselves with the bandwidth of the current 

i 

switches at these current levels. The last item is the voltage swing on the capacitor 
for the frequency lock range requirements. 

\o(a \AwJ r fo(0'9Sv~ O.ifS- vj - ST-oy (EQ 11.116) 


; 


- 7 - 


-r 


(EQ 11.115) 


Kxl 


This we cannot do with the ECL interface from the p"hase detectors. Fig. 11.40A, 

therefore, further voltage translation is required before applying the error pulses 

to the current switches. We require the modification on both phase locked loops 

as Fig. 11.40A only allows ±0.5 v error range and the first circuit required ± 

1.25 v, EQ 11.68, and the second required! 2.5 v, EQ 11.116. Let us address the 

_J_ 

problem of the low current. If we look at the terms for gain, we see CT+C 2 . If 
we raise C 2 to 10” 7 farads insteaidof 10~ 8 , we can raise the current. We would 
also need to change the value of R f to relocate the zero back to 6.25 x 10 4 
radians, and the pole by changing C-j accordingly to .0066 uF. 

it 
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(EQ 11.117) 


The gain K^I becomes 

3 ‘t fr X'^ 

,,7’X 2 7 ^ 


7-f3 X'o 


(EQ 11.118) 


Now if were as before, the currents are 7.93ma for the high gain, fast 
lock up case, and 79.3 ua for the low gain, 100? which is easier to handle. We 
have now gone thru a series of compromizes in order to come up with a viable 
design for a phase locked loop. With each compromize, we pointed out the difficulty 
and a possible solution. The final design is shown in Fig. 11.40£and were numbered 
this way in order to emphasize the development of the design. 


We have now discussed three type 2 phase locked loops. The first using the 
filter of Fig. 11.31A, EQ 11.79 as shown in Fig. 11.32. The second phase locked 
loopusing the filter of Fig. 11.31D, EQ 11.42 as detailed in Fig. 11.40A and C. 

We then discussed the third order effects and their adjustments if we built a phase 
locked loop using the filter of Fig. 11.31B, EQ 11.39 as developed in Fig. 11.40B, 

C, and D. We might profitably discussatype 1 loop although its use is limited 
due to its phase error due to the difference between the free funning frequency and 
the input frequency. This error is easily visualized when we think that with a type 
1 there is no integration of the error. T>»e error that is stored on the filter 
capacitors leaks away, therefore, it must be constantly replenished which requires 
a constant phase error to maintain the oscillator on frequency. 
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The gain of the phase detector is 


AVosc 


volts/rad. The oscillator dutput is 
a sawtooth wave from -2.0 v to +2.0 v as is seen by the reference clamp voltage at 
the emmitter of Q2 and the +2 v reference on thec<*nparator. The gain is 


f \, j 2. ■< 

' T,u " ~ (u'Mj C 


2 ir I 


Jtfw/ftf 


(EQ 11.119) 
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Jjvtce 


V^rr - tA, ♦ 14 


(EQ 11.120) 


Therefore, the gain of the oscillator is radians per volt second is 


u 


CSC — 


[\/^r - 14 e + t/.J 2 V 


(EQ 11.121) 


'(*‘X 

The filter is in two parts. The first is the sample and hold network, in 
parallel with C-j, and the second is in series with Z^- Assuming the design 

of the analog switch and the input pulse width permits full charge or discharge 
of the hold capacitor, we can write the equation 11.122 if Ks= sample rate gain, 
Ksh is the sample and hold filter gain. 


6-0) •- ^<t> K SH 




Ko 


(EQ 11.122) 


Therefore, 


<?,* 


Gq) 

/+ % 


Ks K> Ksh K r - 

__3_; 

l -b Ks K# Ksh Kf £ 


(EQ 11.123) 
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A more complete discussion of the phase locked loop can be found in the Bell System 
Journel, vol 41, March 1962, pp 559-633. 

As we look at the basic system block diagram. Fig. 5.1, we see two phase 
locked loops. One called the "VFO" and the second the "PLO." These are just names 
that have come into use to designate the function and are not really discriptive. . 

The "VFO" meaning variable frequency oscillator is intended to designate the phase 
locked loop used to clock the read data from the recording channel into the host 
system. The "PLO," phase locked oscillator, is designated as the phase locked loop 
used for general timing and is locked to the servo data'recorded on the servo disc. 
Since both these data, readwrite and servo, contain harmonic information, meaning 
the data contains missing bits, both circuits require the use of harmonic phase 
detectors. The only time the non-harmonic type are used is if there is required 
some other frequency multiplication that cannot be handled with the original two 
loops that use the output of either the "VFO" or "PLO" as its input. The "PLO". 
and "VFO" loop bandwidths are necessarily different. The read data handling "VFO" 
having the wider bandwidth of the two. 

We now need to discuss circuits that utilize the "VFO" as the clocking oscillator. 
These circuits must assignaread pulse into its, proper valued time slot and block 
any extra pulse that the code may generate that are for self clocking purposes 
only. There are two kinds. The first are for codes with encoded clocks, and the 
second is for codes that assign each transition a value. 

Declocking circuits with R2to NRZ convertors (Data Separators) . All the FM 
codes insert clock bits into the data stream to make the data self clocking 
meaning that a data clock can be easily regeneratea from the mixed data itself. 

12.42 
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In Fig. 11.42A we show a typical sequence. At "A" a data bit can be gated out 
to the following registers while the clock bit B is blocked from transmission. 
This is simple enough except as we consider that noise and pulse interference 
i the analog data shift the pulses from their desired central position. Now 
these pulses have been del iberately moved to have the leading edge of the pulse 
centered In the positive "window" by the use of a delay line. This is necessary 
due to the P.L.L. locking the leading edge of data to the leading edge of the 
oscillator output (in phase). The problem is when these pulses are shifted 
due to interference, such that the leading edge is within the window but the 
trailing edge overlaps into the "clock" window. When this happens, the pulse is 
split and it is possible that it is split such that the output is insufficiently 
wide to set the following shift register. This is shown in Fig. 11.43. Further 
if it is wide enough , the propogation time thru the the first stage may be such 
that the set up time of the second stage may be insufficient for shifting 
correctly. These problems may be solved by adding a circuit called a "window 
extender." The principle is to prevent the fall of the clock until the data 
pulse has cleared the "window." A circuit for doing this is shown in Fig. 11.44. 
The circuit works by blocking the change of the FF "L" as long as the data, now 
inverted by K, is present on .both nand gates A and B. When the data goes away, 
the appropriate nand is conditioned thus setting or resetting the R.S.F.F., C-D. 
Because the positive "window" has to pass thru both A and C before it is gated 
by G, the inverted data from K is reinverted by E and further delayed by F such 
that the total delay is equal in both paths. The pulse from G sets the front 
stage of the shift register H. The clock for H becomes the actual clock meaning 
that the register is shifted just before the data is accepted thru the window for 
each cycle. This permits all propogation delays to be over and settled before 
shifting. It does not matter to the circuit if a clock pulse blocks Nands A 
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or B as they are rejected by G anyway. This is a very useful circuit and is 
required for all FM codes unless logic is devised to overcome the original 
limitations of both pulse width and propogation delays. The shift regisiter 
itself is used to convert from RZ to NRZ which is used to transmit data between 
units of a system. 

RZ to NRZ Convertors for Valued Pulses 

The design problem with this type circuit is that there is no interlea ed 
"clock pulse" cycle to use for housekeepping activities such as we used for 
extending the data window. Obviously the circuits that must be devised for this 
application must be edge sensitive onl^ as each cycle is a complete window in 
itself. The problem is at both extremes of the window unless the designer 
disallows a small area at each extreme of the window. If this is done, then a 
pulse located near the edge will be missed entirely and not just and mispositioned. 
Careful attention to logic delays and extra circuits for parallel use are required 
to ensure no missing data. Fig. 11.45A, B, and C show both the waveform 
application and a circuit. The data input is slimmed into a very narrow pulse by 
A which sets B. An overlap of the set pulse and the possible clock edge is possibl 
therefore, that data bit will be maintained in B causing an error if the next pulse 
is missing. The FF C is only used for delay to account for propogation thru B 
and the set up of block D. Again, if the delay from C is not long enough, then 
the late bit into B will not propogate on the cycle but will possibly show up in 
the next position due to the overlap of the set and clock lines of B. Block E is 
now added to allow for the completed set pulse into B before B is clocked. This 
is about the best that can be done using current logic for this application. 

What would be great is to have a block that has two independent clocks, one for 
data ar.d the other for clock. 
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Starting Circuits 

Before we leave the subject of Phase Locked Loops, we should discuss starting 

circuits. These circuits are used to stop the oscillator briefly and restart it 

in phase with the incomming data. This is useful if the oscillator is already 

running near or at the incomming frequency which minimizes the phase correction 

required. If the incomming data pulses were inputted at random phases to the 

oscillator, then there is a distinct possibility that the oscillator will slip 

phase, meaning the phase error exceeds 180° therefore it will lock up on the next 

cycle. For mixed clock and data systems, this will cause clock pulses to be 

missinterpreted as data pulses. Also, it takes longer for the loop to stabilize 

after a 360° slip. In disc files it is now customary to lock the "VFO" to the "PLO" 

during non-Rea4 cycles and then switch to read pulses during Read. The circuits 

are also complicated by using non harmonic phase detectors when locking to the 

"PL0,"and using a harmonic phase detector when locking to data. The block diagram 

is shown in Fig. 11.46, Here we have both features of the oscillator clamp 

controlled by the changing edge of the Read Gate and the input data (either Read 

A 

x * 1 

Data or "PLO") as well as the High Bandwidth switch used for fast sync up. This 

4 4 

latter is usually referred to as Fast'll"..As can be seen, the oscillator is 

<P 

clamped to one half cycle^until the counter is satisfied by counting input "data" 
after the Gate edge. For correct operation, the clamp must be able to charge the 
capacitor during some minimum interval. For some type oscillators, this minimum 
interval is one half cycle, therefore, the counter must count to two and hold. 

For others, a single count and hold will suffice. The FastT must also be 
synchronized with the data due to the gain change. The circuitry for doing this 
includes the current S dlln ch * n f e and the filter change (zero-pole) switches 
illustrated in Fig. 1140E. The control blocks are simply a regular single shot 
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triggered by the change of the Read Gate followed by aV F.F. Thus the + High 

f I * 

B.W. or + Fast T signal will be synchronized with the first data pulse following 
the Read Gate change and is reset by the first data pulse following the fall of 
the single shot output. 

Data Format Requirements 

From the above we can see that it takes time for the various circuits to be 
ready to properly handle the data. The Write requires establ ishment of the Write 
Current only before valid transition can be written on a previously selected head. 
With Read, the amplifier requires recovery from any select transient, the AGC 
requires establishment and lastly the "VFO" require synchronization. Thus the 
preable written prior to each record must include the foregoing, plus some data 
pattern recognizable as'the grouping*just prior to the actual record. This grouping 
can be a single transition phased to occur in the data window or some pattern. With 
FM codes, some means must be provided to allow differencing between clock pulses 
and data pulses. This is usually accomplished during the sychronization time of 
the VFO by making all transitions, clock transitions. Circuitry can be added to 
ensure that during this period no data is clocked out of the data separator. If 
it does, then the phase of the oscillator requires reversal. This is easy to do 
for FM code since the oscillator is required to run at a frequency that includes 
both data and clock pulse cycles serialy for phase detector use, but at half this 
rate for separation use; therefore, an intervening F.F. is added to divide by 
two. If, during the synchronization period,a "data" were clocked out, it would 
be routed to the reset line of the FF to reverse its phase. Such a curcuit is 
shown in Fig. 11.47. 
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CODES 

Ever since the first "binary recording devices were invented, there have 
been codes developed to represent the data. The first codes were simply a 
train of pulses. The early magnetic storage devices recorded these pulses 
using linear recording, then later with saturation recording of each pulse. 

As data density increased on subsequent machines, it was realized that there 
was no need to return the surface magnetization to zero nor was it necessary 
to erase the old information before making a new record. This permitted the 
non return to zero, NRZ, codes compared to the earlier RZ or Retrun to zero. 

A//!2 (cvlex hid Ivny S/iCtS betten f'infif/twl tut. StI nps »( btyi*•*'*'} 4 

-mainly being =£=refff ihtn gilt pad—indue trj ujlU ~ot pulinrfw. u j.ei o 

triMiny A. UfftA nothing j* * 

"iffit! no pii.l^P 1 .fm»'« ane . This was alternately inverted for each one bit for 
our industry and became known as NRZI. 

All of the data for drum memories, tape, and disc files used NRZI codes 
for many years. The data was assigned its position value by using clock tracks 

recorded on the tape or disc as a separate channel. When the tape skew or 

disc-head arm circumferential vibration increased such that it was no longer 
possible to correctly clock the data, it became necessary to clock witn self 

clocking codes. In Fig. 12.1 we illustrate the RZ code ( t tti p 1 1 mn»f r r! - i nvr v t r ri — 

in m-riftr-:. to .be.: ram i s tan I ). In Fig. 12.2 we show NRZI 

for the same data pattern. Also included is a typical read linear waveform. 

A variation of the NRZI is the inclusion of a ninth bit for byte identity 
which was subsequently used in the 2305 drum file to make the code "self 
clocking." This is shown in Fig. 12.3. 

The self clocking codes were essentially Frequency Modulation codes. 

More correctly Pulse Position Modulation that used only two positions. The 
four codes were subdivided into several types. The first, F.M., consisted 
of always writing a clock transition at the bit cell boundary then if the data 
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requires it^a transition at the cell center for a one bit. Thus, there were 
twice as many transitions for an all one pattern as there were for NRZI, but 
it was self clocking. Because of this density increase, the early machine 
that used this code operated in Region 3 of the B.P.I. curve. Fig. 12.4 shows 
a typical pattern. In Fig. 12.5, we show the PM or Phase Modulation code. It 

• t 

also required the same density as FM, but it differed in that they recorded 

TA4*StTt*A/ OA 

the zero bits as well. The direction of the read back^pulse was always of 
the same polarity for a one bit and the opposite for a zero bit. In the 
event two bits of the same value followed together, the code required that a 
middle transition be recorded to return the flux phase such that the second 
bit could be recorded in its proper direction. It is easily seen that now 
we have clock bits added that can have either polarity. These extra 
transitions occur at the cell boundary and therefore, require the same clock 
decoding as FM codes and hence, the same recording density increase. It was 
then determined that there were other self clocking codes that could be 
developed that only required the standard one for one density. The first of 
these were the Modified FM codes. These were first invented by Mr. W. Pouliart 
et al in 1954 and subsequently reinvented in a slightly different form by 
Mr. A. Miller, Mr. W. Woo, and again by Mr. Jacoby. 

The basic code is shown in Fig. 12.6 wherein a set of rules were 
established for writing. The first rule was: All data bit ones are recorded. 
The second was that a clock transition will be written at the cell boundary 
only if there was a data zero in the preceding and following data cell. 

This latter requirement is mixed up in some subsequent literature. A 
variation of the MFM code is the M 2 FM and there are several of them. One has 
the following set of rules. Write all data ones. Second--write a clock 
transition at the cell boundary only if there are two cells containing zeros 

ll-L 
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on either side, see Fig. 12.7There is a benefit to this that is not as 

obvious. Back with the FM code it can be seen that for a data stream containing 

ones and zeros when encoded, the 'one' bits are always bounded by clock bits 

and will, therefore, have some synmetrical interference which results in small 

peak position shift. The clock transitions on the other hand have no such 

symmetry and will therefore exhibit severe bit shift especialy in Region 3. 

This fact was taken advantage of in early machines by using an unsymmetrical 

window, 40% for the data ones, which are shifted least, and 60% for clocks, 

2 

which are shifted most. Fig. 12.8. Now with M FM, a similar condition occurs. 
The data, which is always written, has the highest density, therefore, will be 
shifted most. The clock transitions, however, are always spaced a mimimum of 
two cell time*away from its neigh fc>or, therefore, suffers the least shift. 
Therefore, a window of 60% or thereabouts. Fig. 12.9, is assigned to the data 
ones and a 40% window assigned to the clock. This is a real advantage and 
similar codes are presently used in the floppy disc market. 

The next codes are the group codes or substitution codes so named 
because a group of input is encoded into a differing group for recording. 

During Read, the process is reversed. There is a huge variety of these codes. 
The first assembly of order into the growing literature on these codes came 

with an article by A. Patel in the IBM Journal, July 1975, page 366, and 

quoted in Computer Design, August 1976, page 85. Here Mr. Patel introduced 
a symbology that can be used to describe all codes, although not uniquely. 

The input data may be introduced as either one bit at a time or may, depending 

on the code, be in groups. The number of input bits in the group is m, and 

may range from one to m bits. The second part is the number of cells in 
which the npmber of input bits may be assigned values. This number is 
designated as n, and may range from one to n. These two numbers are expressed 
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as a fraction, thus, two input bits may be assigned into four cell positions 
and will, therefore, be designated 


m _ 2 1 

n ~ 4 ' 2 


(EQ 12.l) 


The remaining code designations refer to the minimum and maximum run length of 
zeros. The minimum number of zeros is designated as d, and the maximum number 
of zeros is k, thus any code can be described 

% (d,k) (EQ 12.2,) 


To see how we use this designation, let us try it on several of the codes we 
have previously introduced. Our NRZI code can be written 

£ (d»k) = 1 (o,co) ^EQ 12.3} 

where m=l, n=l meaning that for every input bit there is a unique cell assigned, 
d is zero meaning that each cell can have a one bit, and k=°° indicates that an 
all zero record can be written without any . The code similar 

to NRZI where a ninth sync bit is added for every eight bits can be written 

£ (d.k) = |-(0,8) (EQ 12.4/ 

which would be easier to handle thru the amplifiers. The FM code would be 

% (d.k) = \ (0,1) (EQ 12. 5 ) 

meaning that there are two cell positions for every input data. Each cell can 
be filled and only one cell in a row may be left zero. 

The PM code is designated the same. For this reason we still need 
further description to identify any particular code. The MFM code is written 

fi (d.k) = 1 (1,3) ^EQ 12.6,) 

where any bit is associated with two cell positions, one of which must be left 
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zero with no more than three cells in a row left zero. The version of M FM 
described earlier can be written 

J (d,k) = \ (1,7) EQ 12.7 

The ^ and d are the same as in EQ 12.6, but the k=7 comes from the sequence 
IcOcOcOc) 

There are several advantages for using codes. Some, as was Mr. A. Patel' 
designed to minimize the dc content of the code in order to write th™ a 
transformer of a rotating head system. Others are designed to maximize the 
amount of data stored for a given transition density or to ensure readability 
such as self clocking codes. 

Another distinct difference in codes may be the rule by which they were 
written although observing the recorded waveform it would be impossible to 
tell them apart. For example, the FM code can be designated as the following. 

Write all input ones at the cell boundary and write all clocks mid cell. 
The second may be written. Write all input ones at the cell center and 
write all clocks at the cell boundary. Unless the observer knew the phase of 
the writing circuits, he could not tell them apart, yet they are distinct and 
different. 

For MFM there are eight separate encoding rules that produce the same 
recorded result. It is interesting to note that three of them have been 
patented and a fourth cannot as it is now in the public domain. They are: 

1) Write all one bits at the cell center, write a clock bit at the leading 
boundary of the cell if preceded and! followed by a zero. 2) Write all one 
bits at the cell center, suppress all clock bits at the leading boundary 
of a cell except those preceded and followed by a zero. 3) Write all one 
bits at the leading boundary of a cell, write a clock bit at the cell center 
if preceded and followed by a zero. 4) Write all one bits at the leading 
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boundary of a cell, suppress all clock bits at the cell center except those 
preceded and followed by a zero, and so on as the boundary is changed to the 
trailing boundary instead of the leading boundary. 

The group codes differ in that they are substitution codes with sometimes 
very elaborate rules as to run length. The most familiar of these is the GCR 
code, or Group Coded Recording, used in the tape industry 

- (d,k) = | (0,2) EQ 12.8 

The code conversion is listed in Table 12.1 below 


TABLE 12.1 GCR CODE Data Value Recorded 

0000 11001 

0001 11011 

0010 10010 

0011 10011 

0100 11101 

0101 10101 

0110 10110 

om lorn 

1000 11010 

1001 01001 

1010 01010 

1011 01011 

1100 11110 

1101 01101 

mo on i o 

mi onn 


it 


1 


should introduce a third measure for a code. This is the Density Ratio 
where 


D _ Data Density _ 

Maxtransition Densi 

r the codes we have introduced, 

mparison. (see table 12.2) 


_ = L^in , EL (d + i) EQ 12.9 

we can tabulate the various parameters for 


Code 

m 

n 

d 

k 

Dr 

m 

zr w/A/jw 

n 

NRZI 

i 

i 

0 

CO 

1 

i 

FM 

i 

2 

0 

1 

0.5 

.5 

PM 

i 

2 

0 

1 

0.5 

.5 

MFM 

i 

2 

1 

3 

1 

.5 

GCR 

4 

5 

0 

2 

0.8 

.8 

3 PM 

3 

6 

2 

11 

1.5 

.5 

2/3(1,7) 

2 

3 

1 

7 

1.333 

.6666 

1/2(2,7) 

2 

4 

2 

7 

1.5 

.5 


Now one of the purposes of using codes is to increase the information content 

for the same number of transitions. As can be seen in Table 12.2, Dr, the 

density ratio is one or less for the first five codes listed. Mr. G. Jacoby 

published a code in 1977 that allows an increase of 50% or a Dr of 1.5. He 

called it 3PM. It limited the minimum number of zeros to two in order to 

reduce the transition density. With this code, he substituted a 6 cell "word" 

a. 

for a three bit data input. Keeping the restriction of A m**<"‘'>*’ number of 
zero', created a number of inconsistencies that occur as data are preceded or 
followed by certain patterns that would violate the rule of a two zero m 
These he solved with alternate patterns. The listing is given in Table 12.3 







as taken from his paper. 
TABLE 12.3 3PM CODE 


ALL 


Ml i 


i. I - ’ ' 


Input 

Adjacent Word Influence 


Output 

Pi P 2 P 3 

P 4 

Ps 

Pe 

Preceding 

Following 

P/ 

000 

X 

0 

0 

0 

0 

0 

0 

1 

0 

000 

X 

4 

0 

0 

0 

0 

0 

0 

1 

001 

X 

X 

0 

0 

0 

0 

1 

0 

0 

010 

X 

X 

0 

0 

1 

0 

0 

0 

0 

Oil 

X 

0 

0 

0 

1 

0 

0 

1 

0 

on 

X 

4 

0 

0 

1 

0 

0 

0 

1 

100 

X 

X 

0 

0 

0 

1 

0 

0 

0 

101 

0 

X 

0 

1 

0 

0 

0 

0 

0 

101 

+ 

X 

1 

0 

0 

0 

0 

0 

0 

no 

0 

0 

0 

1 

0 

0 

0 

1 

0 

no 

4 

0 

1 

0 

0 

0 

0 

1 

0 

' ! 

no 

0 

4 

0 

1 

0 

0 

0 

0 

1 

no 

4 

4 

1 

0 

0 

0 

0 

0 

1 

m 

0 

X 

0 

1 

0 

0 

4 

0 

0 

in 

4 

X 

1 

0 

0 

0 

1 

0 

0 


where 4=influence, 0=no influence, X=don't care, and P* is the previous 
word's P 6 as altered for this word. For a further explanation, see the 
paper entitled "A New Look Ahead Code for Increased Data Density" GV Jacoby. 
IEEE Sept Proceedings on Magnetics 1977, vol 13, No 5, p 1202. Another 
code that is useful is designated as (Newman, Fisher) 

a (d,K) = | (1,7) EQ 12.10 

o s 
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which allows an increase of one-third in density. Dr = 1.3333. Again it is a 
substitution code with change* depending on adjacent word interference that 
would alter the minimum r«n length. The changes are implemented by accepting 
four input bits at a time instead of the usual two bits and encoding them 
uniquely 
TABLE 12.4 


DATA 


CODE 

_ 

NOW 

FUTURE 


NOW 

FUTURE 

00 

00 


001 

XXX 

00 

01 


001 

XXX 

00 

10 


001 

000 

00 

11 


010 

000 

01 

00 


010 

XXX 

01 

01 


010 

XXX 

01 

10 


010 

XXX 

01 

11 


010 

XXX 

10 

00 


100 

XXX 

10 

i 

01 


’ 100 

XXX 

10 

10 


100 

XXX 

10 

11 


100 

XXX 

11 

00 


101 

XXX 

11 

01 


101 

XXX 

11 

10 


000 

100 

11 

11 


101 

i 

000 


2/3 (1,7) code (X = don't care) 


double group 
double group 


double group 
double group 


fM 


> 
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The first IBM disc drive to use a group code was the 3370. This code is 
designated as 

~ (d,k) = j (2,7) EQ 12.11 

The code compression Dr = ^ ~ 1.5.To utilize the code, input data may be 
accepted 2, 3, or 4 bits at a time depending on the content. All possible 
combinations can be made up from those listed in Table 12.5. This code is 
attributed to Mr. Franazek of IBM. 

TABLE 12.5 


DATA 

CODE 

AB 

AB 

AB 

AB 

10 

01 

00 



010 

10 

01 

00 


0010 ' 

00 

10 

01 

00 

n 

10 

00 



on 

00 

10 

00 


oon 

00 

00 

10 

00 

000 

00 

01 

00 



1/2 (2,7) code 


As there are so many codes possible of both the block and the merging types, 
we will not cover the remainder, but will simply give some equations that when 
solved will describe some of them. These equations were described by Dr. 

T. Campbell. The number of code words, Cw (n,d), is given by 

EQ 12.12 


r.. -n _ (n-di)! 

Cw ( n,d ) 1 H (n-(d+l)i)! 

i=l 


where Rmax < 


- d+1 
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also m 4 log 2 {Cw(n,d) EQ 12.13 

for conventional Block codes. When merging is allowed, as with the 3PM codes, the 


following is given for cases where d > 2 

R' 

Z 

j=o 


Cw' (n d) = R ' . T T 

Lw ln,a; Z j! (n-d-(d+1)j)! 


EQ 12.14 


where R' < 


n-d 


- d+1 


PRECOMPENSATION 

We first introduced this subject block in Chapter 5. Basicly it consists 
of deliberatly writing a transition such that the resultant movement of the 
peak due to superposition or pulse interference will move the peak back to its 
‘on time 7 position. Thus, if pulse interference makes a pulse peak late that 
transition is deliberatly written early such that the resultant peak shift 
places the peak at its true unshifted position. It has been shown that the 
worst peak shift occurs for two adjacent transitions with no transitions on 
either side. If we wrote two transitions T seconds apart and we measured the 
ti*>e between the two resultant peaks as 1*2 T, then the peak shift of each 
transition is O- IT. In order to correctly write the two transitions, the first 
has to be written late by greater than 0-1T and the second has to be written 
early by greater than 0*1T. This is because when the early and late transitions 
are written at .8333T, the pulses are closer together and their pulse interference 
produces a peak timing of greater than T. The process is an itteratlve one and 
is best calculated using about 10% greater shift than predicted for the plus 
and minus Precompensation, then recalculate the predicted peak seperation. We 
left this subject to this chapter because we now have an understanding of the 
clocking effects of the window allowed and the need to minimize the movement of 
a pulse so as to keen it in its assigned window. Further, the implementation 

<W/ 
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is best incorporated in the encoder circuitry . See Fig. 12.10 and 12.11. 
Sometimes a particular code cannot be optimized for peak shift with only a 
single value of plus and minus Precompensation. Certain patterns may produce 
a lessor amount of peak shift that would be overcompensated if the single 
value were used. It is therefore necessary to install a multi level Pre¬ 
compensation depending on the signal degradation and the degree of window 
margin allowed. This is calculated the same way as before using the new peak 
se paration values. 

CIRCUITS 

We might profitably consider a few encoding circuits recognizing that the 
decode is just the opposite. 

NRZI 

The NRZI encoders are trivial being only single 'and' gate as shown in 
Fig. 12.12. Driving the reguired FF to produce the current reversals for each 
bit, hence the need to 'and' the write clock to produce RZ code first . The 
decode is shown in Fig. 11.45B of the previous chapter. 

FREQUENCY MODULATION 

To encode NRZ data into FM for writing requires the use of a phase switch 
as well as the write clock to produce the write current reversals. The rule is, 
write all clocks, C*and write 811,1*. The decoder is the same as Fig. 11.44. 

To add Precompensation requires a memory shift register in order to look ahead 
and behind the data being written. We can write a truth table to indicate the 
shift direction, but as the previous transition and the following transition 
will always be a clock bit; the data will be bounded and will not shift. The 
clocks, however, will shift, therefore, our table is simple. 
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Zf 
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TABLE 12.6 



NOW 


FUTURE 


A 


B 

Early 

1 

C 

1 Late Clock on Time 

, s 

v ■ .. . 

1 

C 

0 Clock Early 


0 

C 

1 Clock Late 


0 

C 

0 Clock on Time 

Clock on 

time 

= A-B 

+ A-B 

Clock Early 

= A-B 

EQ 12. 


Clock Late = A-B 

This is implemented in Fig. 12.14. Note that the and gates must have the same 
propogation delay or unwanted shift will alter the data timing. The data 
bit A is written first on time followed by the clock bit, then the register shifts 
and repeats. 

PHASE MODULATION 

Implementing straight Phase Modulation requires truth tables in order to 

anticipate the pfca.se reversals required for the clock bit which can have either 

polarity. This can be implemented with a J.K.-F.F. Refer to Fig. 12.15 and 

table 12.7. The sequence is shift-data-clock-shift. 

<9i 

J - 0^2 " F + 0^2 IF + Ql Q 2 IF 

IP 

k = q 1 q 2 1F + Q iQ2 1F + Qi Q 2 Tf 




( 


1 


\ 



IF 



1 




l 


l 


EQ 12.16 


EQ 12.17 
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TABLE 12.7 


no change 

change 


J - Q, IF + Q,Q 2 1F 
k - q,q 2 Tf + Q, IF 

All this can be implemented as shown in Fig. 12.16. The decode of phase 
oses a. 

modulation ^slightly different detector than we have used in the past. 
Depending on the resolution,where we do not need a gate generator, the circuit 
used for a split Bi Directional Single Shot will suffice directly out of the 
differentiated and limited signal. If a gate generator is used, then the split 
Bi Directional Single Shot is the last block. The phasing must be compatable 
(+ = 1) because the zeros are realy superfluous; we could ignore them and just 
use the ones or we could use them and repeat the circuitry . Lets do the 
later as an exercise. To provide Precompensation for P.M., we again need a truth 
table only this time we need to look at four levels to anticipate the peak 
shift. The sequence is shift-data-clock-shift. 


NOW 

®1 

PAST 

®2 

IF 


J 

K 

0 

0 

0 


1 

0 

0 

0 

1 


0 

1 

0 

1 

0 


0 

0 

0 

1 

1 


0 

1 

1 

0 

0 


0 

0 

1 

0 

1 


1 

0 

1 

1 

0 


0 

1 

1 

1 

1 


1 

0 
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FABLE 12.8 


PAST 

A 

NOW 

B 

CLOCK 

FUTURE 

C 

IF 


0 

0 

+ 


0 

0 

+ Cot, J 

0 

0 



0 

1 

Zot K 

0 

0 

O 


1 

0 

no change 

0 

0 



1 

1 

Z early K 

0 

1 

o 


0 

0 

no change 

0 

1 



0 

1 

Dot J 

0 

1 

- 


1 

0 

-Cot K 

0 

1 



1 

1 

D late J 

1 

0 

+ 


0 

0 

+Cot J 

1 

0 



0 

1 

Z late K 

1 

0 

6 


1 

0 

no change 

1 

0 



1 

1 

Z ot K 

1 

1 

o 


0 

0 

no change 

1 

1 



0 

1 

D early J 

1 

1 

- 


1 J 

0 

' -C ot K 

1 

1 

- 


1 

1 

D ot J 

J = A B C 

IF + A B C IF + 

A B 

C IF 

+ 


+ A B C 

IF + A 

B C IF + 

A B 

C IF 



K = A B C 

IF + A 

B C IF + A B 

C IF 

+ 


+ A B C 

IF + A 

B C IF + A B 

C IF 




EQ 12.18 


EQ 12.19 
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O.T. =ABC1F+ABC1F+ABC1F+ 
+ ABC1F + ABC1F + ABC1F + 
+ ABC1F + ABC1F 


EQ 12.20 


E = A B C IF + A B C IF 


EQ 12.21 


L = ABC1F + ABC1F 


EQ 12.22 


J = 






1 

1 

1 

1 





1 



1 


K = 



1 

l 






1 

_i_ 

l 

JL 






if 


0T= 



l 

i 



l 


i 


i 



i 


_ 



E= 


t _ 




p ,mi i 

i 





i 







L= 








l 











IF 


} 


The decode of these Veich diagrams is as follows 
J ~ B * 1F + B C T? 


EQ 12.23 


K = B* 1F + BC IF 


EQ 12.24 


jOn Time = B C IF + A C IF + A C IF + B C IF 


EC 12.25 


Early = A B C IF + A B C IF 


EQ 12.26 


Late = A B C IF + A B C IF 


EQ 12.27 


The implementation is shown in Fig. 12.19. Great care should be used to 
control the logic delays in the clock paths to prevent timing problems. 


(V 







KZ PAU> 


tldt CLOCK 


Fig- (2~‘ t cf 



fUASL MOS>ULAT,Oa/ 



To '~s**re 
9 f>W€tU 


TH Pf?e con f£AJSrf Tto AS 






ALL RIGHTS RESERVED. PUBLICATION INTENDED. 

F.M, 

With this code we need to know the past and future data, therefore, we 
?ed a three level truth table. 

ABLE 12.9 _ 

PAST pCLOCK FUTURE 

A ^ B C 

NOW 

0,0 0 clock = A i C 

0 , 0 1 clock = A B C 

01 0 data = A B C 

0 1 1 data = A B C 

1 0 0 

1 0 1 - 

I 1 0 data = A B C 

II 1 data = A B C 

DATA * 

The decode is clocks = A B, data = B. Therefore, we can delete the C FF 
Or "future" and deal only with the past and present. The sequence is shift, 
clock, data, shift. The implementation is given in Fig. 12.20. Note that 
the set up and timing paths prevent unequal logic delays from hurting bit 
timing. To add precompensation, we require a four level truth table (Table 
12.10). We will shift-data-clock-shift. 




iy a 
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TABLE 12.10 


PAST 

A 

NOW 

B , 

r CLOCK 
c . 

FUTURE 

D 



0 

o 

0 

0 

0 

clock OT 

0.... 

. 0 

0 

1 

1 

clock early 

0 

, 0 

1 

0 

2 

- 

0 

0 

1 

1 

3 

- 

0 

1 

0 

0 

4 

data OT 

0 

1 

0 

1 

5 

data OT 

0 

1 

1 

0 

6 

data late 

0 

1 

1 

1 

7 

data late 

1 

0 , 

, 0 . 

0 

8 

clock late 

1 

0 « 

. 0 

1 

9 

clock OT 

1 

0 

1 

0 

10 

- 

1 

0 

1 

1 

11 

- 

1 

1 

0 

. 0 

12 

data early 

1 

1 

0 

1 

13 

data early 

1 

1 

1 

0 

14 

data OT 

1 

1 

1 

1 

15 

data OT 


clock OT = ABCD + ABCD = 0+9 


EQ 12.28 

clock early = A B C D = 1 


EQ 12.29 

clock late = A B C D = 8 


EQ 12.30 

data OT=ABCD+ABCD+ABC 

D + A B C D = 4+5+14+15 

EQ 12.31 

data early =ABCD+ABCD=!2 

+13 

EQ 12.32 

data late = ABCD + ABCD = 6 + 

7 

EQ 12.33 
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ALL RIGHT 

that is a lot of logic, therefore, we could do an intermediate step that 
addresses only on time, early, and late with a gate for data or clocks. Data 
becomes B and clocks B C, therefore, the enable is B'lf + cj-tf 

On time is = A § C 6 + A SCD+ABCD+ABCD+ABCD+ABCD EQ 12.34 
Early =ABCD+ABCD+ABCD EQ 12.35 


Late =ABCD+ABCD+ABCD 


EQ 12.36 



This is still a lot of decode. We could assign a two level state to each 
such as 1 = late, 2 = early, and 3 = on time. 


2° = late + on time 
2' = early + on time 






c 
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2° = BC + AB + ABC + ACD EQ 12.37 

2' = AB + CD + AC EQ 12.38 

which is much easier. This can be implemented with a four line multiplexer. 


/ y-zo 
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We might profitably study five level Precompensation. As can be imagined, 
the decode is a little more difficult. We will base the decode on two levels 
of early and late. A 0110 pattern gives the greatest peak shift L\ Ef and a 
OHIO lessor L, E. We will again follow the shift-data-clock-shift sequence. 
TABLE 12.12 ___ 


early Past 

A 

B 

Now 

aan 

C D 

* 

Future 

E 


A 

B 

cLpck 

i 

C D 

E 


0 

0 

0 

0 

0 

c 

OT 

7 

1 

0 

0 

0 

0 

c 

OT 

7 

0 

0 

0 

C 

1 

c 

E 

1 

1 

0 

0 

0 

1 

c 

E 2 

3 

0 

0 

0 

1 

o 


- 


1 

0 

0 

1 

0 


- 


0 

0 

0 

1 

1 


- 


1 

0 

0 

1 

1 


- 


0 

0 

1 , 

0 

0 

D 

OT 

7 

1 

0 

1 

0 

0 

. D 

OT 

7 

0 

0 

1 

0 

1 

D 

OT 

7 

1 

0 

1 

0 

1 

D 

OT 

7 

0 

0 

1 

1 

0 

D 

L 2 

6 

1 

0 

1 

1 

0 

D 

L 2 

6 

0 

0 

1 

1 

1 

D 

L 

2 

1 

0 

1 

1 

1 

B 

L 

2 

o 

1 

0 

0 

0 

C 

L 

2 

1 

1 

0 

0 

0 

C 

L 

2 

0 

1 

0 

0 

1 

C 

OT 

7 

1 

1 

0 

0 

1 

C 

OT 

7 

0 

1 

0 

1 

0 


- 


1 

1 

0 

1 

0 


- 


0 

1 

0 

1 

1 


- 


T 

1 

0 

1 

1 




0 

1 

1 

0 

0 

D 

E 2 

3 

1 

1 

1 

0 

0 

D 

E 

1 

0 

1 

1 

0 

1 

D 

E 2 

3 

1 

1 

1 

0 

1 

D 

E 

1 

0 

1 

1 

1 

0 

D 

OT 

7 

1 

1 

1 

1 

0 

D 

OT 

7 

0 

1 

1 * 1 
clock 

1 

D 

OT 

7 

1 

1 

1 1 
t 

CtoCK 

1 

D 

OT 

7 


The number conversion idea will help reduce the logic, therefore, we will make 
a new table , 12.13. 



n-z) 




.13 


Early 

Late 

Early 2 


2 

Late^ 

On Time 
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n write the boolian equation for each condition 

\BCDE + ABODE + ABODE + ABODE + ABODE + ABODE + ABODE + 

ABODE + ABODE + ABODE + ABODE + ABODE =111 

ABODE + ABODE =110 

abode + Abode + abcDe = on 

abode + abode + abode + abode = oio 

ABODE + ABODE + ABODE = 001 

ne can write the equations for the bits as a function of 

7 + 3 + 1 
7 + 6 + 3 + 2 
7 + 6 


LI CAT ION INI ENDED. 



t 

i 

I 


EQ 12.38 


EQ 12.39 j 

l 

• i 

EQ 12.40 j ' 


EQ 12.41 


EQ 12.42 


powers of 2. 


EQ 12.43 


III l 
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The Veich Diagrams are as follows: 



The boolian reduction of these are given below 

2° = E(BC + BD) + E(D + BC) = BC + EBD + ED 

2' = E(CD + BC + AC + CD) + E(CD + AC + ABD + BCD) 
= ECD + EBC + AC + CD + EABD + EBCD 

2 2 = E(BD + CD) + E(BCD + BCD + BCD) 

= EBD + ECD + EBCD + EBCD + EBCD 

Enable =IFZ + BDl> 


EQ 12.44 

EQ 12.45 

EQ 12.46 
EQ 12.47 


These three inputs can be fed into a multiplexer together with the appropriate 
delayed 2F clock pulses as shown in Fig. 12.22. 

1 3 2 3 
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Timing considerations may require the four input gates to be clocked into a 
register before application to the multiplexer. As the enable conditions are 
unique or in other words require separate clock and date pulses, the phasing 
must be considered and is shown included. 

We will next discuss the implementation of one of the group codes. As 
there are several ways of doing this, we will discuss the full logic approach 
as it is the most complex. The other approaches use memory look-up tables and 
micro processors. These will be left to the designers as they are much easier 
to implement. We will choose a 2/3 (1,7) code as one example. The nature of 
this code requires two input data bits to be encoded into three cells, the 
conditions are satisfied by developing a table of assigned values. 

TABLE 12.13 


00 = 001 
01 = 010 
10 = 100 
11 = 101 


Now we can easily see that if we had a sequence 0010 we would write 001100 
which violates the requirement of one zero between transitions, 2/3 (1,7), 
therefore, we must make a new table that assigns an alternate 000 symbol to 
be substituted where necessary. This alternate symbol can be called into use 
if the next two bits require it. When making the table, the time sequence 
of the bits and the code must be kept in mind as the following implementation 
requires correct sequencing. 
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TABLE 12.14 


INPUT DATA 
time^ 


ENCODED TRANSITIONS 
time-* 

WRITTEN 

time-*. 

NOW 

NEXT 


NOW 

NEXT 

SUBSTITUTIONS 


00 

00 


001 

001 


001 

00 

01 


O 

o 

010 


001 

00 

10 


001 

100 

001000 

001000 

00 

11 


001 

101 

010000 

010000 

01 

00 


010 

001 


010 

01 

01 


010 

010 


010 

01 

10 


010 

100 


010 

01 

11 


010 

101 


010 

10 

00 


100 

001 


100 

10 

01 


o 

o 

010 


100 

10 

10 


100 

100 


100 

10 

1 

11 


100 

101 


100 

11 

00 


101 

001 


101 

11 

01 


101 

010 


101 

11 

10 


101 

100 

000100 

000100 

11 

11 


101 

101 

101000 

101000 


Now if we examin the substituted code, we see that the widest spacing between 
transitions is for the data sequence 0011,1110 which is written as 010000000100 
which gives 7 zeros in a row maximum, hence, 7 in the code description 2/3 (1,7). 
When the code is implemented, the upcomming data is examined to see if a 
substitution is required. If so, then all four input bits are taken and written 


i yir 
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AC + AD + AB 
AB + ACD 

ABC + ABD + ABD + ABC EQ 12.52 

BD 

Cell 6=0 

The conditions for taking four input bits instead of two are given in 
EQ 12.53. 

Four = ABCD + ABCD + ABCS + ABCD EQ 12.53 

A 

= ABC + ABC EQ 12.54 


C 

This can be fed into a down counter set lines to generate an overflow pulse 
that occurs every 2 or 4 bits (Set 1 or Set 3). The overflow pulse can 
load a six bit shift register for the output cell information. The NRZ to 
RZ encoder is added at the output of the 6 bit shift register followed by 
the write current reversal FF. The entire implementation is shown in Fig. 

12.23. The Read Decoder is implemented following the NRZ output of the Read 
Detector. If we refer to Table 12.15, we can write the equations for decoding 
the data. We will write it in Octal to save space. 

A = 1 + 5 + 1.0 EQ 12.55 

Ik 


Four = 



1 




1 





1 




1 



Cell 1 = 
Cell 2 = 
Cell 3 = 
Cell 4 = 
Cell 5 = 


IV- If 
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If we look at the Binary written code transition cells, 5 and 6 are always 
zero, therefore, we only need to decode transition cells 4, 3, 2, and 1 for 
write purposes. 

Cell 1 = ABCD + ABCD + ABCD + ABCD + ABCD + ABCD + ABCD EQ 12.48 

Cell 2 = ABCD + ABCD + ABCD + ABCD + ABCD EQ 12.49 

Cell 3 = ABCD + ABCD + ABCD + ABCD + ABCD + ABCD EQ 12.50 

Cell 4 = ABCD + (ABCD + ABCD + ABCD + ABCD + ABCD + ABCD + ABCD +/)$Z3-t- 

+ ABCD + ABCD + ABCD + ABCD) EQ 12.51 


of which the bracketed terms are redundant since that part is written separately 
as transition 1 of the next pair of input bits. 


A 


1 




1 

1 



1 

1 



1 

1 



( 



D 



A 




1 

1 



1 

1 



1 



1 




_*1 

C 



from which we can reduce the conditions to the following 


O 11 
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as six cells, if not, then only two bits are taken and the three cells written. 
Since the implementation will be done with shift registers, it might be 
profitable to rewrite the table in shift register form. This is given in Table 
12.15. 

TABLE 12.15 j (1,7) Code in Shift Reg. Form 


. 

BINARY 

OCTAL 

INPUT 

DATA 

WRITTEN 

CODE 

INPUT DATA 

WRITTEN CODE 

D C 

B A 

654 . 

321 



0 0 

0 0 

XXX 

100 

0 0 

4 

1 0 

0 0 

XXX 

100 

2 0 

4 

0 1 

0 0 

000 

100 

1 0 

0 4 

1 1 

0 0 

000 

010 

3 0 

0 2 

0 0 

1 0 

XXX 

010 

0 2 

2 

1 0 

1 0 

XXX 

010 

2 2 

2 

0 1 

1 0 

XXX 

010 

1 2 

2 

1 1 

1 0 

XXX 

010 

3.2 

2 

0 0 

0 1 

XXX 

001 

0 1 

1 

1 0 

0 1 

XXX 

001 

2 1 

1 

0 1 

0 1 

XXX 

001 

1 1 

1 

1 1 

0 1 

XXX 

001 

3 1 

1 

0 0 

1 1 

XXX 

101 

0 3 

5 

1 0 

1 1 

XXX 

101 

2 3 

5 

0 1 

1 1 

! ooi 

000 

1 3 

10 

1 1 

1 1 

000 

101 

3 3 

0 5 
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B * 2 + 5 + 1.0 with (0.2 suppression) EQ 12.56 

C = 0.4 + 0.2 + 2 + 1 +1.0 + 0.5 EG 12.57 

D = 4 + 0.2 + 2 + 1 + 5 + 0.5 EQ 12.58 

but since C and D are replaced in all except the double combinations, then 

we are free to ignor them or as redundant bits to reduce the logic. 

C = 0.4 + 0.2 + 1.0 + 0.5 EQ 12.59 


D = 0.2 + 0.5 EQ 12.60 

Again, the 2 or 4 bit grouping is controlled by C or D which can activate the 
"B" bit of a down counter as before as we can keep track of the output decode. 
See Fig. 12.24. The decode itself is easily implemented by using two 3 line 
decoders as in Fig. 12.25. 

The preceding logic implementation shows one way of generating the 

encoding or decoding logic. The method is straight forward and should be 

applicable for the run length limited codes regardless of the number of 

substitutions or conditions. In this code we had 2 levels meaning we had our 

m 2 4 

information in either two or four bit byte. Therefore, ^ was either j or -t . 

As a contrast, the j (2,7) code presently used in the IBM 3370 is a three 

, , . m 1 2 3 

level code meaning — = 75 -, or •g- . 

The nejrt consideration is the format or the preamble to the data. Notice 
that the decode on Read Back depends on the phase of the clocking circuits, 
it is imperitive that only one of the 3 phases be used. This can be controlled 


12.75 

\\-2f 
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by recording say all zero's meaning the transition will be 001001001 as a 
time sequence for VFO sync, then we can follow up with a double character 
such as 001000, which is line 3 of Table 12.15. When this pattern is recognized 
the count of the UP/DN counter can be set to five, thus, starting the decode 
in the correct phase. 

ERROR CORRECTING CODES 

Ever since the IBM 3330, Disc Drive error correcting codes have been used 
to detect errors and correct certain kinds of errors. These have become 
necessary due to the media coating thickness reductions which allow pinholes 
or small oxide conglomerates which cause missing or extra bits to disturb the 
data. These codes usually are designed to detect error spreads greater than 
the correctable spreads.. For example, a code may be designed to correct 5 
bits in length, but only detect 6 or greater. As might be expected, the ability 
of the code to detect certain sequences of errors is limited, thus, it is 
possible that certain sequences may be undetected, these are predictable 
and a probability is assigned to this occurrance. It is not the intention 
here to develop these codes, or go into the math behind them. There is 
considerable literature on this subject and the reader is refered to those 
listed to start. The Fire, Hamming, Goppa, and Read Solomon codes have been 
used for some time. These only correct single burst errors or errors occurring 
over a short span. There are other codes that can correct multi-burst errors 
meaning that groups of errors can occur in a single record separated by a 
considerable number of bits. These are the interleaved BCH and RS codes. The 
reader is refered to an invited paper presefited by Dr. E.R. Berlekamp 
published in the IEEE Proceedings, Vol 68, May 1980, p. 564-593. 
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RECORDING CHANNEL TESTING 

Following the design and implementation of a particular recording channel 
and head combination, the designer must prove his design can meet the machine 
specifications for error performance. Typically, a channel has been specified 
as contributing one error in y x 10^ bits transferred. Meaning that over a 
period of time the total number of bits in error divided by the total number 
of bits transferred during the Read mode becomes a measure of the channels 
performance. This may be designated for all heads and tracks (for disc files), 
using a random number generator for the head and track addresses, or it may 
just be the total sequential file. Usually the random access method is used 
as it affords the greatest sensitivity of the test, including both inner and 
outer tracks for all heads. In the past this number was obtained using brute 
force methods; in other words, actually transferring, say an order of magni¬ 
tude greater number of bits and counting the errors. Games have been played 
by testers wherein they automatically add two bits of error to the total 
saying that statistically an error could have been made just before the test 
started and another just after the test finished. Also, only soft errors 
are counted. The hard errors are ignored. The definition of soft and hard 
errors is the subject of some controversy. Usually soft errors are designated 
as those errors which do not repeat at the same physical location either 
following a single write or allowing multiple write updates. The one used 
must be specified. Hard errors are the repeaters. These can be attributed to 
disc or media defects at a location designated by head number, track number, 
and bit count. The two types of errors are specified separately. 


v 
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With the introduction of error correcting codes, the definition changed 
for the two types of errors. Soft errors are defined as correctable errors, or 
those that are within the error correcting codes capability to correct. Hard 
errors are designated as those that cannot be corrected, or that fall outside 
the codes correction capability. A third category then contains the media 
defects which are still not counted in the error performance but may be 
specified for the total machine. For example, a machine may have a speci¬ 
fication that places a maximum on the number of defects allowed either by 
total machine, by surface, or by track, or some combination. Read errors are 
caused by the failure of the recorded transition, if it exists, to generate 
the correct output bit in the correct sequential time slot of a data stream. 
There are several mechanisms for this, the dominant ones being noise and 
interpulse interference or bit shift. Both of these were discussed in Chapter 4 
particularly as shown in Figs. 4.11 a, b, and c. This, of course, is true 
only if the correct channel design has been made, including heads, amplifiers, 
filters, detector type, and the clocking circuit. 

Following work done by Dr. E. Katz and later including Dr. T. Campbell, 
at Memorex, a method was disclosed that greatly reduced the time required to 
characterize a channel's error performance. This method permitted the separa¬ 
tion of the two dominant error mechanisms for the first time, which permitted 
optimization of the various channel characteristics for best performance. 

Obviously, brute force design and testing costs money, particularly if 
over design is used in one area in order to compensate for poor design in 
another. This is now unnecessary. Using a circuit designed by Mr. M. Monett, 

can be, 

a curve generated that totally describes the error performance of a machine. 
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The curve has been designated as a Marginalized Variable Frequency Oscillator 

(MVFO) curve. This is an unfortunate choice, as the name really describes a 

totally different device; both devices will be discussed in this chapter. 

For want of a better name, we will designate the curve in question as a 

Quantified Phase Error Curve (QPEC). Basically, the curve is generated by 

plotting the total number of bits whose phase shift exceeds a set value, 

s*c 

usually expressed in seconds, for a series of^values. The reference phase 
is obtained from a phase locked loop with a low bandwidth. The logic output 
of the phase detector is compared to a chosen time delay. Any b+t^s phase 
shift, either up shift or down shift, that exceeds the chosen time delay, is 

T <r <* 

counted on a counter for a given number of transferred fac^s. For short settings, 
a single revolution or a single record is used. For long settings, hundreds or 
thousands of revolutions of the disc are used, depending on the accuracy and 
sensitivity of the test. Fig. 13.1 illustrates a typical setup. The capacity 
of the counter is a factor in the choice of total transferred -b^ts for any 


given setting. 



Fig 13.1 * 
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Notice that the early part of a record is blocked using "Data Valid." This is 
to ignore the excessive phase errors during lock up time at the beginning of 
the record format. Also the type of phase detector used determines the block 
designated as an “or" following the phase detectors. For simple phase 

>V.\* t,\'’ '< t .f pf r<r :• p aj * Put-’* 

detectors, or non-harmonic phase detectorsy^as shown in Fig. 11.14A, the 

circuit shown is adequate. Care must be taken in allowing for "D" setup time 

in the output block. For harmonic phase detectors, where the up and down 

errors are turned on simultaneously, an "exclusive or" must replace the "or." 

Then the difference between the two is fed to the delay line and "D" flip flop. 

The operation of the two versions is illustrated in Fig. 13.2a and 13.2b. 

_JI_ - 

_I 1_ 

_n_ r~—i_ 

-h t*- m*y • 

n__ j i_ 

n__ 

Fig.13.2a 

Typical Non-Harmonic 0 Error 
Discriminator Waveforms 

A typical plot can be made as a function of the total number of pulses out 
divided by the total number of transitions recorded vs. the delay line setting. 

Obviously at the 0 ns setting, almost 
all transitions recorded exceed the 
setting. There are several features 
of this curve that depend on the bit 
pattern, the resolution, and the system 
noise. It is usual to use the bit pattern 
that provides the greatest amount of 



Typical QPEC for Repetitive Doublets 


i/f —I I_f 



Fig. 13.2b 

Typical Harmonic 0 Error 
Discriminator Waveforms 
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PULSE INTERFERENCE OR BIT SHIFT. This is the repetitive doublet pattern where 
two transitions follow at the minimum spacing with at least one zero between 
the doublets. Usually a single zero or non-transition suffices, depending on 
the pulse interaction. When counting the number of bits transferred, one must 
only count the transitions and relate those through the code used. For 
example, the MFM code is designated as %(1,3). The maximum doublet pattern 

123 123 

would give transitions for every 3 bits transferred: 0110110. The actual 
cell content on the disc would be cOclclcOc, or 2 transitions for 6 cells. 
Since there are 2 cells per bit transferred, the 6 is divided by 2 to give the 

5 

3 for 2/3 track capacity; or for 10 bits track capacity, we will have 
6.66 x 10 4 transitions recorded. For a different code, such as the 2/3 (1,7) 
code, we take two data bits and occupy 3 cells. There must be one vacant 
cell between transitions, therefore, to get the minimum doublet patterns we 
must have four data bits transferred per two transitions: 101000 101000 

5 

for h track capacity. For example, if the track held 10 bits of data, there 

4 

would only be 5 x 10 transitions recorded. If we look at Fig. 13.3 again we 
see that the line for the single frequency is a single -slope, whereas in the 
doublet case it is forced over but the slope is the same. What we see here 
is the predicted bit shift of the doublet. The corner of the curve is located 
at the superposition caused bit shift value. The slope is a direct function of 
the channel signal to noise ratio, meaning the head, electronics, and disc 
noise plus signal to the head, electronics, and disc noise. Notice that such a 
plot is totally representative of the entire recording channel and, hence, 
becomes a measure of the error performance of that head disc combination. The 
intersection of the curve at the time value equal to the one half of the cell 
window width, W, , gives the error performance. In the figure, that is 10 - ^ 
for the maximum doublet, or worse case pattern. In order to save time. 
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10 10 bits need not be transferred. The slope of the curve can just be 
extended from some lesser value to the 10~*® level as the curve in this 
region is a straight line. 

Now we have a tool for measuring the performance of a channel we need 
only find the worst head and the worst media acceptable under the specifi¬ 
cations, plot their QPEC curve to obtain the minimum machine performance 
for on track conditions. Similarly, we could do the same for the off track 
conditions at the normal 5 psycometric corners of temperature and humidity 
and power supply variations to predict the worst machine performance. 

Obviously, if the results are unsatisfactory, then the specifications need to be 
tightened for some parameter or component until the performance specification is 
met. This is much simpler than in the past. 

While we are discussing specifications, we need to discuss the head and disc/ 
media . Of the many head parameters that can be measured several stand out as 
being meaningful. These were all discussed in Chapter 4. Of the electrical 
parameters, amplitudes of the frequency extremes, resolution, and write over 
are the most significant. It is intersting to note that as amplitude increases, 
poor resolution can be accepted for the same error performance. This is 
predicted from the relationships of the QPEC curve. The better amplitude 
results in a better S/N ratio which means a steeper slope, while a poorer 
resolution results in a further shift of the corner to the right. With the 
intercept point fixed at 10~^ and W/2, then various combinations of amplitude 
and resolution can be accepted. This is taken advantage of in the head speci¬ 
fication to allow an increase in head electrical test yield, knowing that these 
combinations will function well. An example of a head specification curve 
relating amplitude and resolution is shown in Fig. 13.4. 
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Fig. 13.4 Acceptable Amplitude and Resolution Combinations 

It is desirable to have the recording channel cost effective. The 
design then becomes a compromise between bit shift or resolution controlling 
parameters and total S/N ratios. Obviously bit shift is controlled by head 
and disc parameters and S/N is controlled by head-electronics and disc parame¬ 
ters. Therefore a successful and cost effective design hinges on balancing 
the cost increases necessary to reduce bit shift and those necessary to 
reduce noise. Since heads and discs are in both camps, then it is probable 
that equal window spacing be given to bit shift and noise. If the design 
is based on one third bit shift, one third.noise, and one third allowed for 
manufacturing variables and degradation during machine life, then a satis¬ 
factory arrangement has been reached. See Fig. 13.5 
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There are several variations in the QPEC curve that should be discussed. These 
relate to defects and/or anomalies of the disc/media surface. In Fig. 13.6 
a QPEC curve is shown that illustrates the effect of a small agglomerate 



Fig. 13.6 *■ 

QPEC Curve Showing a 
Media Anomaly 



Media Defect 


in the media. This causes a bit or a few bits to have a different local bit 
shift than the remainder of the track, but the S/N ratio remains the same, 
hence the curve continues down at the same slope. The feature of Fig. 13.7 
is caused by a scratch in the media in proximity to a recorded transition. 

The scratch causes a d$/dt signal, called an extra bit or drop in. The pulse 

i 

adds to an existingtransition and phase shifts the transition beyond the W/2 
limit, thus causing the curve to extend to the right at one count per revolu¬ 
tion or more. The variation shown in Fig. 13.6 could also be caused by this 
mechanism if the shift is small. 


During manufacturing testing of a large number of machines, the QPEC 
curve is not cost or time effective. There are other techniques that permit 
definitive testing. It has been customary to do several things, parameter 
or circuit wise, to the channel to remove some of the margin built into the 
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( 

channel. This is done by altering a circuit or circuits that are not normally 
part of the machine, but are a later part of the recording channel or it may 
be accomplished by altering a part of the machine that can be independently 
tested. Candidates for these are primarily the clocking circuit and, second¬ 
arily, the detector. The clocking circuit is best altered by only changing 
the width of the window used for gating transitions. For example, for FM. PM, 
or MFM codes the clocking window is a squarewave. One half for data and the 


other half for redundant clocks. By using a delay line and ar. 'and' gate 
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Figure 13.8a 


Fig. 13.8b 


and then realigning the window to center it to an on time transition, they^win- 
dow can be marginalized. Hence, when operating, transitions with less than a 
given amount of + shift are passed and those exceeding that value are lost and 
cause an error. The error checking is done on the record itself. This is the 
source of the name Marginalized VFO as MVFO. The reader can now see the dif¬ 
ference between the two circuits and functions hence our renaming the QPEC 
curve. The two functions are different. The QPEC circuit 

counts all f a wctv&ns that have phase shifts greater than many settings to gen¬ 
erate a curve while the MVFO circuit blocks all transitions with phase shifts 
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ater than a single setting thus causing an error in a data channel- 
3 different functions for two different results. Of course, the QPEC cir- 
it could be used at a single setting to get an error indication, but as the 
annel also provides record position as byte count information of the error 
t would require extra circuitry if the QPEC circuit were used for defect 
ogging as well as just a channel functionality test. 

At this point it might be well to point out a method devised by Mr. F. 
Bordello that graphically predicts the performance of a recording channel if 
an isolated pulse can be measured for PW 50 and the channel S/N ratio is known. 
The method uses an Arc Tangent pulse drawn on a sheet of paper with a normalized 
amplitude and time scale.*. Drawn on the same sheet and centered is the differ¬ 
entiated pulse shown to scale^and again at 10 X horizontal scale c similarly 

A A 

centered. 


I 

' - I 

: 1 
- 1 
1 
1 
1 

Fig. 13.9 ; 

I 

I 

• ’ . I 

Using this sheet and a table of noise amplitude probabilities, both intersymbol 1 

I 

interference caused bit shift and noise caused bit shift can be predicted. The 1 

I 

first is done by algebaicly adding the contribution of a second inverted Arc . 1 

I 

Tangent pulse (Fig. 13.10), 1 
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Fig. 13.10 Fig. 13.11 

placed at the correct spacing of Pklyv then doing the same to the differentiated 


Arc Tangent pulse. The peak amplitude reduction is shown on the f»r*t curve. 
The intersymbol interference caused bit shift is shown as the difference in 
time between the original differentiated pulse zero base line crossing and 
that of the second or modified differentiated ztto t>&ic c 

The contribution of bit shift from noise can be determined using a curve 
relating RMS noise amplitude to a gausiin distribution. 

The gausian distribution is P(x) = 27 7cr % '£ 2cr l EQ 13.1 

From this equation we can generate a table of noise amplitude as a func¬ 
tion of probability of occurance. 

(See MISCHA - SCHWARTZ - McGRAW HILL, 1959, Page 373-390) 
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RMS NOISE = ; Probability of Occurance 


0 1 

1 1/0.32 

2 1/21.74 

3 1/370.4 

4 1/15625 

5 1/1724137.9 

6 1/500 000 000 

6.36 1/10 000 000 000 

7 1/400 000 000 000 

8 1/80 000 000 000 000 

Table 13.1 


For 10 ^ probability of occurance, the noise pulse amplitude is 
6.36 X RMS Noise, EQ 13.2 


The method of measuring the signal to noise ratio is important. The 
measurements^taken after the differentiator in order to relate it directly 
to the differentiated pulse for peak shift measurement purposes. 

dS _ d V sig RMS r-n o 

®-at— EQ13 - 3 

d Vn RMS 
dt 


where d V sig RMS is the RMS value of a differentiated signal resulting from 
dt 

evenly spaced transitions at the minimum spacing allowed by the code. In 

disc drives tin's also means at the inside track, d Vn RMS is the RMS value 

dt 
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of the differentiated noise including electronic and disc/media noise at the 
same location. 


The peak value of noise voltage becomes 

(6.36)(Vn RMS) EQ 13.4 

or in terms of the ds ratio and converting the RMS sig voltage to base to 

dn 

peak at the same time we get 


= _6-36 = 4.497 
Peak /T d? ~ cte 

1 dn dn 


EQ 13.5 


which is the peak noise expressed as a fraction of the signal peak. 

When we used the d(RMS signal) value to get owrd(S/N) ratio, we are 
really in error when we use this value with a differentiated isolated pulse 
as the amplitude of the isolated pulse is greater. All that occurs is an 
error in favor of poorer performance which is acceptable. 

Going back to our graph we now locate this amplitude fraction on the 
expanded scale ( 




/t-C 




Fig. 13.12 

differentiated pulse. The value of the peak shift can be read off on the 
horizontal scale and multiplied by PW 50 which converts it into bit shift 
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Now to get the total bit shift due to intersymbol interference and noise, 
we just add the two values. According to our earlier rule of thumb each of 
these two values should be about one third of the half window width each which 

* a. 

predicts performance at the required error rate.^ncluding^margin of one third 
half window.} 
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the above model. Our conclusions arc that the composi¬ 
tion Cu ,4 *.*Fe U i *0 4 can exist as a stable compound 
when quenched from temperatures between 1210° and 
1350°C in accordance with the published phase dia¬ 
gram.* 
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Analysis of Saturation Magnetic Recording Based on Arctangent 
Magnetization Transitions 

Robert I. Potter 

International Business Machines Corporatioti , San Jose, California 95114 
(Received 13 August 1969; in final form 13 October 1969) 

The minimum transition length for the arctangent magnetization transition » calculated. Readback 
voltage for the arctangent transition, where the magnetization contains components both in and normal 
to the coating plane, is calculated via the reciprocity theorem and Karlquist’s fringe field equations. Several 
misconceptions currently existing in the literature arc discussed. 


I. INTRODUCTION 

A theoretical upper limit to the longitudinal data 
density attainable in conventional saturation magnetic 
recording exists, since current magnetic coatings are 
incapable of supporting abrupt transitions, and since 
the read process introduces an additional apparent 
broadening of the transition region. The term ‘‘satura¬ 
tion” is used here to describe the case where peak 
magnetization in the coating remains approximately 
equal to the remanent magnetization of the major 
hysteresis loop. The limitation on transition length 
arises in conventional coatings primarily* because the 
magnetization Mir) in the coating produces a demag¬ 
netizing field 

H(r) = — JC(r— dv.M(r')/| r-r' j 3 ]*', (1) 

which, being opposed to M, cannot exceed the coer- 
civity H c of the hysteresis loop associated with each 
point in the medium. Since possible magnetization 
states must simultaneously satisfy Eq. (1) and the 
M-H relationships dictated by the hysteresis properties 
of the material, the recorded transition length must be 
calculated self-consislentiv. 

Certain simplifications are necessary if the minimum 
transition length which a given coating will support is 


to be estimated without performing this self-consistent 
calculation. It is assumed that the hysteresis loops are 
square, and that the final state of magnetization M;rj 
after the external write* field has vanished can be 
adequately' described by an assumed functional form 
with adjustable parameters. These parameters are then 
chosen,, after Chapman.* such that the demagnetizing 
field resulting from Mtr> never exceeds the coercivity 
U c of the major hvsteressloop. Two possible choices for 
Mir) are the ramp transition, 

Mj (x) = Mr ( — ac < x< — va/2 ), 

= - (23/,/x) (.r Vi (— ra f 2<x< xtf 2) , 

= -3/ r (xa/2<. r<x), (2) 

and the arctangent transition, 

Mj(x) = - (23/,» tan-*(x/a) 

(— ao <X< 3C f c>0), (3) 

where 3/ v =3/, = 0. x is measured longitudinally along 
the track, M r is the remanent magnetization of the 
major hysteresis loop, and the parameter a describes 
the sharpiu>> of ihe transition. Tlu*>e functions are 
normalized such that their derivatives at .v = 0 and 
limiting values at r=ix are equal. The transition 
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0 2 4 6 

a/o 

FiG. 1. A comparison of the demagnetizing fields for arctangent 
and ramp transitions of equal length. 

length of the arctangent function as defined by the 
slope at a = 0 is ira. The restriction a> 0, imposed for 
the sake of convenience in the calculations, does not 
result in any loss of generality since the sign of a can be 
absorbed in M T . The step transition can be treated as a 
special case by letting a approach zero. The arctangent 
function is of special interest, because it is a simple 
function that has a continuous derivative, is antisym¬ 
metric, and asymptotically approaches a finite nonzero 
value. Our purpose here is to investigate further the 
consequences of assuming that M has this functional 
form, and to correct several misconceptions currently 
existing in the literature. 

The external field due, to an isolated arctangent 
transition was first correctly calculated by Miyata 
and Hartel. 3 This same 4 result was later obtained by 
Speliotis and Morrison. 5 Chapman, 2 in his analysis of 
the minimum transition length, used a modification of 
Miyata and Hartel’s expression as the internal de¬ 
magnetizing field, imposing the restriction |o | >$'2, 
where 5 is the coating thickness. Bonyhard ct a/., 6 give 
an asymptotic expression for the transition length, 
valid for 8 /a« 1 and based on the arctangent model. 
Treatments based on single *md multiple ramp transi¬ 
tions have been given by Speliotis and Morrison 5 and 
Aharoni, 7 respectively; 

We point out that Miyata and Hart el’s expression for 
the field intensity (even as modified by Chapman) .is 
not valid inside the coaling, and hence Chapman’s 
calculation of the minimum transition length is incor¬ 
rect. The difficulty with Miyata and HartePs expression 
inside the coating (y<h '2) is evidenced by lack of 


the correct symmetry. We give an expression for the 
field intensity that i> valid both inside and outside the 
coaling, and use this result to obtain the minimum 
transition length in terms of -1/ M // rt and 6. 

An expression for the readback voltage resulting from 
an arctangent transition with the magnetization in the 
coating plane has been obtained by Speliotis and 
Morrison 5 and Speliotis. 8 Speliotis and Morrison argue 
that the reciprocity theorem is not applicable to this 
problem, and proceed by calculating the flux passing 
through the surface of one pole piece of the transducer. 
We argue below that the reciprocity theorem is applic¬ 
able and, summarizing their method here for compari¬ 
son, show their assumptions to be equivalent to those 
made by Karlquist 9 in his analysis of the transducer 
fringe field. We give a more general expression for the 
readback voltage, treating the case where the magnet¬ 
ization contains components both in and normal to the 
coating plane. This result is obtained using the reciproc¬ 
ity theorem and Karlquist’s fringe field. The normal 
component of magnetization is expected to exist 
(primarily in particulate coatings) since, near the 
trailing edge of the gap where recording occurs, the 
fringe field is canted out of the coating plane. 

II. THE MINIMUM TRANSITION LENGTH 

The demagnetizing field (in oersteds) for a single 
arctangent transition is calculated 10 in two dimensions 
from Eqs. (1) and (3). The result, for the special 
case where M is in the coating plane, is 


H*(x, y) -AM 



(6/2+y)x 

j*+a*+\S/2+y\a 



< 4a > 

and 

TT ( \ >iif i /**+(! 3/2+y I + a )*\ /ii\ 


where 8 is the coating thickness, x is measured parallel 
to the track from the center of the transition, y is 
measured normal to the coating from the center plane, 
and a and M r (in emu/cc) are as previously defined. 
These equations are valid for all .r, y, and a>0. Equa¬ 
tion (4a) can be reduced to the previously obtained 
result 3 5 via trigonometric identities when y>$/2. 

According to Eq. (4) the maximum field magnitude 
occurs on the coating surface, and IJ V exceeds H r over a 
considerable portion of the transition region. //„ tends 
to create a y component of the magnetization vi yi 
where m y is an even function of x and an odd function of 
v. This is in addition to a possible M y resulting from the 
y component of the record transducer fringe field, M u 
being an odd function of x. The existence of the total 
y component vi y +M y is countered by the additional 
demagnetizing field resulting from dm y /dy-\-dM y /dy 
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near y«=b$/2 and, in some coatings, by magnetic 
anisotropy induced bv one or more of the following: 
strain, preferential orientation of crystallites possessing 
nonzero magnetocrystalline anisotropy constant Aj, 
and preferential orientation of acicular particles (shape 
anisotropy). The field as calculated on the assumption 
M is fixed in the coating plane is in error by approxi¬ 
mately this additional demagnetizing field. The error 
is greatest near the coating surfaces and results pri¬ 
marily in an overestimation of lLj. Therefore, when 
estimating the minimum transition length which a 
coating will support according to the method of Chap¬ 
man and in conjunction with Eqs. (4), it is more 
meaningful to use the field in the center plane, Eq. (4a) 
with y=0, than to use the magnitude of H elsewhere. 

In Fig. 1 both the arctangent transition demagnetiz¬ 
ing field and the ramp transition demagnetizing field' 1 
are plotted versus x in the center plane. Peak fields in 
this figure differ by more than a factor of two, indicating 
that the arctangent transition results in a considerable 
decrease in the minimum transition length which a 
coating will support as estimated via the method 
described above. The maximum value of //,(.r, 0) as 
obtained from Eq. (4a) is 

27,(max) = 8J/ r tan^R^aCl+f ^a) 1 ' 2 ]. (5) 

Upon inverting this equation and setting H x (max) = 27 c , 
the minimum transition length (as determined by 
considering demagnetization only) is found to be 

(*6/4)[cSC 27 c /83/ r — 1], H c /M r <A t 

= 0 , B c /\r r >i*. 

( 6 ) 

Equation (5) reduces to the previously obtained 6 
result, l luin c^2Tr6Mr/Il c , when 6/a«l. Estimates for 
/min based on Eq. (6) may be misleading when 
about 5 (or equivalently if r /H c < about 1), since a 
transition with no y dependence, e.g., Eq. (3), is not a 
realistic approximation when coating thickness is large 
compared to transition length. Square hysteresis loops 
are also assumed, and in this respect 1 together with 
the condition 3/ r 77 c > 1, this estimation of / m * n may be 
more appropriate to thin metallic coatings. 

Several observations can be made concerning the 
microscopic details of the magnetic transition. First, 
Eq. (3) [and Eq. (91 below^ results in all three com¬ 
ponents of M vanishing at .v=0. This does not contra¬ 
dict the Sloner-Wohlfarth coherent rotation model 11 or 
the more appropriate 1213 single domain incoherent 
rotation models, 14 since the magnetization in reality 
is free to form a c component. We consider only two 
dimensions of the three-dimensional problem, a justifi¬ 
able simplification since the read transducer is insensi¬ 
tive to .!/.*. Moreover, the magneti/.ation may be 
considered in the macroscopic or averaged sense when¬ 
ever particle dimensions are negligible compared to 


dimensions of interest, thus removing the restriction 
that at each point |M| When dimensions 

in the .r-y plane (i.e., coating thickness, transducer gap 
width, and transducer-media spacing) arc not large 
compared to domain or particle dimensions, a macro¬ 
scopic M may still be appropriate in the statistical 
sense, in that it represents an average of if, and if y 
over the track width or z axis. Second, the relative 
importance of exchange in limiting the transition length 
has been investigated'by Aharoni 7 and found to be in¬ 
significant for current values of coating thickness. 

m. THE READBaCK VOLTAGE 

Readback voltage e(x), where x^vi and v is the 
relative coating-transducer velocity, may be obtained 
either directly by calculating the fiux through the 
transducer core, or indirectly by use of the reciprocity 
theorem. The direct calculation of Spcliotis and Mor¬ 
rison 3 first assumes that the read transducer may be 
replaced by one continuous semi-infinite slab of perme¬ 
ability spaced a distance d above the coating. The 
method of images is then used to obtain the magnetic 
induction B inside .this slab, 

B=[2 m /(m+1)3H, (7) 

where H, given by the equivalent (for y>6 2) of Eq. 
(4) for an arctangent transition with M in the plane of 
the coating, is the field intensity that would exist 
if the slab were absent. Total flux <f> per unit track width 
through one pole face of a transducer with finite gap 
length g is then assumed to be 

$>(*) = / B y (xJ/2+d)dx 
J —« 


r±+9i* 

+ / L(x+g/2-x)/g3B u (x i b/2+d)dx, (8) 

where the second integral apportions the flux entering 
the gap region between the two pole pieces according to 
the linear weighting factor £(t+£ '2—x)/g3* The lower 
limit of integration may be changed from minus infinity 
to zero without affecting e(x), which is proportional to 
J*(x)/dx. 

In the indirect method employed here, the readback 
voltage is calculated for the transition 

M(.r, y) = {- 2/r) (tan- (x/.a), (9) 

. using the reciprocity theorem 16 

c(x) = 47 r.Y;’jr<afX 10 “ s f dx 
J—w 


r 


f+l dM(.r—x, y) 
dv 


til 


*H/(.r, v), (10) 


where .Y is the number of turns, v is the velocity, II' is 
the track width, and H/ is the gap fringe field resulting 
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Fig. 2. Readback pulse distortion caused by a nonzero v 
component of magnetization. The separate contributions of each 
magnetization component are indicated. 


from unit total current flowing around the transducer 
core. The head efficiency factor a is given by 

a=(R,/(<R,+(R,), (11) 


where (R r and <ft f are the reluctances of the transducer 
gap and core, respectively. This approach relegates the 
major approximations to the fringe field calculation. 
The fringe field, due to Karlquist, 9 is given by 


U,A*. y) - ~ [.an- (^) + .an-(‘-^)' , 


(12a) 


and 


n Jy (x, y ) = 


Zl ln 

2*g \(g/2-xY+?)' 


(12b) 


assuming that the transducer permeability is infinite, 
the medium permeability is unity, the pole pieces 
extend to infinity, and the magnetic scalar potential 
varies linearly across the gap at y= 0. This last assump¬ 
tion is equivalent to the linear weighting factor em¬ 
ployed by Speliotis and Morrison. Thus, that portion 
of the readback signal due to the .r component of 
magnetization will be identical to their expression, 
except for a factor of p ; (m+ 1), which does not appear 
here. However, Speliotis <\nd Morrison assume that 
the flux linking the read coil is a times the flux through 
one pole piece at y=6 '2+<f, and this is valid only if 
/i» 1. Upon inserting Eqs. (9) and (12) into Eq. (10), 
the readback voltage c(x) in volts is determined 10 to be 


c(x)-8.VriraXlO- s !^[/(j)+/(-x)] 


+ 3/„[A(x)-//(-*)]i, (13a) 

4 


where 

f(s) m 


a 

n 


+ * tan- | C(g/2+j)/y] 

y (x-i)H-a 5 




d+a+« .ft! 2+f\ d+a 

g tan (d+a+J | 


i„( 


(g/2+x£±(j±a-W\ 

(*/2+z) 5 +(d+a)» )’ 


(13b) 


where 


m 




ln[(*/2+x) 5 +y] 


2-rg J-m J<t ' (x— x)*+o 5 

= C(d+<2+«)/2 £ ] lnC(«/2+f )*+ (d+a+5) 5 ] 
-£(d+a)/2gj lnC(g/2+x)*+ (d+a) 5 ] 
-(!/«)(«/ 2+x) 

and where velocity v is measured in cm/sec, track width 
TU in cm, and M y in emu/cc. The coating thickness 
is 6 and the transducer-coating spacing is d. 

The justification for considering M y but not nty in 
the readback voltage calculation, where M y is due to 
H /y and m* is due to the demagnetizing field, is as 
follows: M y contributes to pulse asymmetry, whereas 
m y produces only a symmetric first-order correction to 
the dominant and symmetrical pulse resulting from 
Mj. A comparison of e z (x) and e y (x), the contributions 
to e(x) due to the parallel and normal magnetization 



trarv gap length 









a \*| and rVi Thr luun ding of the *S rune near tin 
lure--hold* indicates that .stress londc*’- thr <ou* < d\ turb 
^endtive” with a corresponding deciea-c in rl \ and inciea-c 

in uT f . Those effects arc illustrated in Figs. 4 and /> for 
composition 27, which is more stress sensitive than 9. 

Effect 8 of Substitutions 

We have substituted small amounts of Zn for Mn in 
compositions S and 9 (see Table 11). Pulse test data show 
that the substitution of 0.1 atom Zn in 8 (2G) gives 
optimum results. It increases the voltage outputs uVi, 
rVi, and the rVi/u'Y,. The substitution of 0.1 atom of Cu 
for Mn in compositions 3 and 19 resulted in a substantial 
reduction of rl Vff’l «• The substitution of 0.01 atom of Ca 
in 8 and 9 resulted in n reduction of the output and an 
increase in the switching constant without any improve¬ 
ment in other properties. 

Conclusions 

In the Lio.jFcs.iO^Mnl'cjOi-Mn.'iO* system, two com¬ 
positions (8 and 9) have been found from which reasonably 
fast-switching memory cores can be made. Such cores have 



temperature or — than are the square-loop CTi-Mu 
core- Th^ i»i»*«*ri*,? .it ion of a small amount oi Zn in thc^e 
two Li-Mn ferriie Compositions (2Gand 29/ iwie.ws their 
output signals without any appreciable deleterious effects 
on their rVi/u V £ , switching speed. temperature, or stress 
sensitivity. 
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The Effect of Finite Flux Rise Time 
on Recording Performance 

JOHN E. LEE and NOP, MAX X. TP UMAX 


Abstract —An experimental and theoretical investigation has been 
made of the effect of finite flux rise time on transition length and 
delay time for thin recording media. This was done by tracing the 
field history of particles as they pass the write head and by assum¬ 
ing that the remanent magnetization of each particle depends on 
the maximum field it experienced. For linear rise times and for 
separation greater than half a gap width, analytic expressions have 
been derived showing the dependence of transition length and 
delay time on rise time and the other recording parameters. Nu¬ 
merical solutions valid for separations dowr. to one quarter of a gap 
width and including exponential rise times are also shown. 

Introduction 

P KESEXT-day computing requires fast-access high- 
density storage. One such device is the disk store. 
By operating at high packing densities and high surface 
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speeds a disk .siore can offer bit transfer rates of the order 
10* per second together with access times of better than 
109 ms. In order to achieve a high packing density the 
magnetic storage medium nv.i-t be of high coercivity [I J. 
Writing with conventional ring-type beads requires there¬ 
fore that a high current be switched into an inductive 
load with only a finite voltage available. This must con¬ 
stitute a finite lower limit to the flux rise time. Also, a 
further limitation may be introduced by relaxation phe¬ 
nomena in the head core material itself. During the finite 
period taken for the fiux to rise the recording medium is 
moving past the write gap at high speed. This could catwe 
the written transition to become bioader than would be ex¬ 
pected under ide al, i e., zero rise-time conditions [*2l. [3j. 

The purpose of the present work has been to investigate 
in more detail the effect of finite fiux rbc time and to com¬ 
pare its effect on the packing density limitations with 
that of self-demagnetization which takes place in the 
recording medium after the write process has been com¬ 
pleted. Kustyshyn and others have analyzed the 



'y.M::y process in cundderablc detail ra.-d a similar 
;T:,iC'i call’d }mvc been \i*-ed. However, elaborate e.d- 
iations me not requited in order to dernon-tmte tlic 
mparativc limitation'* imposed by finite flux ri>e time 
d demagnetization. Therefore, a less rigorous approach 
s been adopted. 

Model for White Process 

Before any attempt can be made to determine a written 
inshion length, three basic assumptions must be made, 
lesc assumptions are concerned with 1) the properties 
the medium, 2) the spatial distribution of the head- 
ikngc field, and 3) the nature of the flux rise time. 

operticx of the Medium 

The following analysis will be concerned only with th»n 
?tallic films, and the magnetic behavior will be • d 
mi the M r — // characteristic. Xo attempt will l 
take into account cither the microscopic nature of the 
cersal process or the detailed effects of sclf-demagnetiza- 
m [5]. The remanent magnetization of each particle in 
e medium will be assumed to depend solely on the 
aximum longitudinal fie ld it experiences as it approaches, 
sses, and leaves the write-head gap The cflcct of the 
rtical field component [GJ will not be considered. 

cad-Fichl Distribution 

The most accurate determinations of the spatial field 
•tribution have been mad* by Fay [7] u-ing conformal 

. a i.*rfoina*vi•’. ..nd j/ui,»,v.r na l > 

irlquislV <e\]uvssion for the longitudinal field //,U r //) 
a less exact representation of the distribution but has 
c advantage of being auahtic. According to Karlqnbt 

A*-It) = (^/^/‘[tan;* 1 (g+jc 4 )/y + tmr 1 (g - x $ )/y]. 

( 1 ) 

quation (1) becomes a better fit the greater the y co- 
dinate, and even when y = g,A tlie error is less than 
) percent. 

In the following analysis the longitudinal field will be 
dermined using (1). The field distribution viil be as- 
imcd to be independent of the presence of the medium 
id y will be taken a> the separation since the medium is 
thin film, i.e., D « y. 

tux Rise Time 

Relaxation phenomena within the head core material 
ill be ignored and the flux rise time will be taken as the 
arrent rise time, since experiments were carried out using 
irrent rise times gicatei than the relaxation time con- 
ant. For simplicity we shall deal only with saturation 
HZ recording, i.e , II,{O.y) > H e foi all y. 

Theoretical 

We shall assume that the medium is initially remanent 
L —.1/r and that the gap field switches from negative to 
unlive. This means that only the positive fields dcler- 
tine the final remanent state of the medium. Similar 


*./L' C.*i I 1 v. a 


positive to negative. However, in t hi- latter case tiic final 
rrmr.ncncc may be determined b\ both the positive, and 
the negative fields, hence the calculation may be more 

complicated. 

From (1) the longitudinal field seen at time t by a par¬ 
ticle positioned at x, with respect to the head gap center 
line as origin is given by. 

HAx.,v,t) - (//,/*)/«> 

•[tan" 1 (g + x,)/y + tan -1 (g - x.)/yj (2]_ 

where /(f) represents the form of the head current rise 
time. Simplifying the JvarJquist expression 

H'(x.,y,t) = (7/,/r)/(0 tan-* [2 gy/iy* - g* + j.*)D (3) 

and provided ( y * — g* + x. J ) » 2 gy, (3) may he simplified 
further to give 


U,(x, ; y,t) 


2//«?;g/(0 
r(if — g* -f- x,*) 


Linear Rise 7'imcs 

For linear rise times, /(f) is given by 

/(/) = t/T, 0 < l < T 

f(t) - I, t > T (5) 

where T is the time taken for the current to rise from zero 
to its maximum value and shall hitherto be referred to 
a... 1 I.e uiii.i.t ik-C: iiiiic. Tl.tit fore. SllVi.-litUllllg ir.to ( li 
for/(f), the field seen at time f by a particle positioned at 
x. becomes 


where 


= x m + il. 


Differentiating //,(x„t /,0 with respect to t and equating 
to zero for a .stationary value yields 

0 - x} — 2 viz, + y* — g- (S) 

for a given separation y, gap width 2g , and velocity t*. 
Substituting for x 4 in (G) yields 

, U 9 yg (y*-g'm*T 

2H*ir7V + 2 II e yg 1 

which togetlicr with (7) gives 

»*V9 W-g'WllAT 


2vH,iT 


211*119 


where t represents the time taken for the particle labelled 
Xm to see a maximum field H y and lienee to acquire its 
remanent magnetization. 

Delay Time 

When x m is chosen such that H* = II Ct that particle 
will leave the write head with zero rcmanence and x M will 
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Fig. 1. (a) Delay time* versus rise time {schematic), (b) Transition 

length versus rise time (schematic). 


represent the center of the transition region. The corre¬ 
sponding time t - ♦'/, given bv 

* V' 


// ,,n (... /.?.// :- r 

2/7. x 7 v 2 + 77/^? 


(m 


is the delay time and represents the time taken, measured 
from the instant when the write cum-nt is zero, to write 
the center of the transition on the medium. The form of 
this relationship is shown in Fig. 1(a) where delay time 
has been plotted versus rise time for arbitrary known 
values of UJll t% g y , and i\ Since (11) holds only in the 
region Id < T there will be a discontinuity in the curve, 
as shown. This will occur at some critical rise time T c ob¬ 
tained from (11) by substituting//> = T = T c > i c., 


2V« 


ll s ]ig/'211'Ti •* 


1 ~ [U/ ? - ' 


( 12 ; 


In this region, i c., T < T c , the appropriate particles see 
a peak (though not stationary) field equal to the co- 
ercivity JI C after a time l = T after which time they see 
ever decreasing fields as they move further from (he head 
gap. When 

0 = 1- [(>/’ - ^)/W2%] (13) 

the critical rhe time appears to be infinite. This never 
happens in practice, however, since comparison of (13) 
and (0) shows that this condition corresponds to 


IIA0,y,T) - Hr, 

and the medium would never be correctly switched (in 
the usual sense). 


For convenience //, may be cho-cn such that the field 
gradient dll r (x § ,y) /Ox, is a maximum at ll x {x m .y) « JJ t , 
where H s (x ti y) is the field distribution round the head 
when t > T and given by 


#«(*.,!/) = 2 oII.’j/tW -f + *.’). 

This condition can be shown to occur at 

(14) 

’ *.* -i r - o' 

(15) 

where 


II, *= 2gU t y /*{]/* — f + x.’) 

(1C) 

that is, 


II, in a *= oy/^ ( v i - o 1 )- 

(nr 

Therefore, from (12) 

- 

T, = (f - e-)'”/v. 

(18) 


Calculations have shown that this value of T t is accurate 
to within 10 percent for y > 1.2 g. 


Transition Length 

Although d/rfav.) may be determined using (10), 
together with the M r (H) characteristic, the procedure is 
n lengthy one. Therefore, the transition length was de¬ 
fined and determined using a procedure similar to that 
due to Davies £9J. According to Davies, since 


(IMr 

dl 


<IM, dll 
dll dx, dt 


r • V i • • • *U '»»»•.. if' ’ ’ 

liuS* Jul glV’Si n:t ituiiii \ L.'jCiV* , .'r'i l)\X *:.‘i r/ * '<* (•/! , iU, f 

the peak amplitude of the output pulse on read corresponds 
to the region where dM r /d/I has its maximum value, 
i.e., at the center of the transition where M r = 0 ,11 = H e . 
Therefore, the transition length may be conveniently 
defined with rc>pect to the fields 11 j and 7/: where tJM* dll 
has its half-peak value and the output pulse half its peak 
amplitude. Using tins definition the transition length 2b 
will be given by 

2b = (dx m A/H^>„ r «// < (II> - Ih) (J9a)’ 
that is, by differentiating (10) 


2b 


.f-fe. lb 

L2 tII'-lT t 2 H e yg J 


Tlie form of this relationship is shown in Fig 1(b) where 
2b has been plotted versus rise time for arbitrary known 
values of //,. // c , (//_» — 1I X ). g , 2/. and v. Again, since (11» 
holds only for to < T there will be a discontinuity a* 
shown. In tlie region T < 7* c the appropriate particle* *c»? 
peak fields equal to //j and 1I« after a time t = 7’, and 
from (7) 

= x«.i -J- rT 

:r, 2 = av 5 + t\T (20) 

that is, 

= 7i«i * Xn<7‘ 

Thai -is T the transition length bec o;nc^LaIenetuJia u -'-- of 
rise timeand equal t o the /«tm rise -lime v:.l.nL , ....Qd i- W hen 
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// 1 is chosen >*icli flint 

* JUI1 9 - yg 'tiir - t\) 
the transition length become- 

2b « r(H*- //,)( 7 V + r-)/21I € T, (0 < T < T<). (21» 

Numerical Solid ion 

When the more accurate expression for the field given 
bv (3) is used the expression for delay time, critical rise 
time, and transition length are no longer analytic. Because 
of the large number of variables involved the problem is 
best solved numerically using a computer program, and 
all theoretical results quoted below have been calculated 
in this way. 

Exponential Iti$c Times 

For exponential rise times/(/) is given by 

/(/) = 1 - c-" r (22) 



For the present work a is replaced by b , as defined in 
(19a), and with reference to Fig. 2(b), (24) becomes 


where T is the rise time and is the time taken for the 
current to rise from zero to (S3 percent of its maximum 
value. Substituting this into (2) gives 


p-t!T , 


//*(*«,0 = (//*/*■) (1 - c ~ 

•Flair’ + tan-’ (J3j 

L V V J 


and the analyses for caleulating the delay time and tran¬ 
sition length now follow in a manner similar to that for 
linear rise time.- desmbed in t*^ previous socfv>;*<. 


EnI’LKIMUXTAL 


All experimental work was carried out with reference to 
the analysi-* presented above relating to linear rise times. 
The current waveform u.-od is shown in Fig. 2(a) and 
was generated using a circuit which provided rise times 
7* from 10 //< to 10 ms. 

The delay time tu was determined by measuring the time 
nterval 0 between the crossover poinls of the current 
vaveform and the time interval t> between the peaks of 
he output pulses Fig. 2<b). From Fig. 2(b), 

tn - (: - (/i 4- h 


nd by arranging for the rise times T\ and 7h to be such 
hat 


T> > lGOT] 

hen to a very good approximation f 3 may be ignored and 


U> = U - U 


he transition length 2 h was determined by measuring tlie 
9 percent pulscwidth. According to Bonyhard cl at. [1 j. 
ho assume no write losses, the 50- percent pul.-ewidth is 


U - (2/v)[(b + v y +V 2 ] 1 ' 2 . (25) 

The parameters used in these experiments were 

I 

r *= 75 or 37.5 in-s” 1 
y = 100-500 gin 
2 g = 5S0 /iin 
II 0 = 3300 Oe 
H e = G30 Oe 
I) = 12 /iin 
M r =' G00 gauss 

The. head field within the gap 11 u it > T) was deter¬ 
mined by writing static transitions [Tfj (i.e., at zero tape 
velocity) and measuring the distance between the peaks 
of the output dipulse. 

Results axd Djsclssiox 

Experimental 

The results for delay time are shown in Fig. 3. The solid 
lines'represent the calculated values and the points ex¬ 
perimental values. Although some inconsistent rc.-ults 
occurred as a result of the speed instability in the tape 
transport used, the agreement between theory and ex¬ 
periment was fair. 

The agreement between theory and experiment for the 
transition lengths, however, was poor except at long rise 
times where it was good. A possible reason for this is that 
in contrast to the delay time measurements the transition 
lengths were determined indirectly from the pulsewidth¬ 
using (25). The Validity of this equation depends on the 
assumption made in deriving it that tlie transition is of 
the form 

M r (x) - (2.1/o'V) tair* (x/b). 


I*. « 2 l(a + ij:* + (24 

here 2a defines the minimum Iran-ition lengtii in terms 
" the physical properties of the medium and is given by 

G - ?M r I)/lI ( . 


This assumption i< not strictly true because the form of 
the written transition’ clearly depends on the M r — // 
characteristic of the medium and on the write-field dis¬ 
tribution. When the transition is long compared with the 
read gap however, i c.. at long ri-r times, the pul.-cwidlh 
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become* the same as the transition width and less de¬ 
pendent on the details of the replay process. This makes 
the assumptions made previously more nearly correct. 
Multiplying (11) by v we have 



That is, for a given head gap 2g and separation y then 
provided II s II jT be held constant then vtu should remain 
constant. Similarly, from (19b) the transition length 
.should remain constant for a given H e /H.rT. This was 
investigated experimentaily by varying IIIH. i\ and 77 

The agreement here was better than for the previous 
results. This is to be expected if the theory is correct, since 
the experiments were designed to demonstrate a de¬ 
pendence rather than to determine absolute values. 

Theoretical 

Figs. -1 and .*> show delay time and transition length 
versus rFo lime for parameters typical of a high density 
disk recording system using thin metallic films. II g was 
chosen in each case such that, for zero rise time, the tran¬ 
sitions were written in the* maximum head field gradient. 
The gradients of the curves of Fig. o decrease with de¬ 
creasing separations, i.o., b is insensitive to changes in 
rise time even for T > 77. Also [or exponential rise 
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Fig. 4. Dcinv time (theoretical) versa* rise time for various veloci¬ 
ties and separations //* *=• M»u Oe, II \ ** a JO Oe. 
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Fig. 5. Transition lepgdi (tlieoretic-a! > versus ri>e time for various 
velocities and separation* lit = fcttf) U c, 11 \ *= 5J0 Oc. The dotted 
line is the locus of 7 «. 


times there is no discontinuity in the curves, ic., tlicre is 
no critical rise time. 

From Fig *> the puFewidth and hence tlie output versus 
[lacking density curve may be obtained using (2.V», For 
linear rise times (here is no change in b and hence no change 
in for T less than 77. Kven if the flux rise time is ex¬ 
ponential which is more likt*I\ in practice, there is an ctler- 
tive time 77 below which no appreciable change in 




fTlvny!!i 2a { I j on l^iviiu G w wruo Im .» .L i ou-. 
ITcTrTTTr nTTT- I.ugc, the value (if the writtcnjj an- 
ngth run .-til! be such that the pubowithh is 

ij )* -f ? and i- hence indepen dent of rbc time 
ide yange. Thc~above slioxvs that a rise time equal 
iving a transition length 2b approximately twice 
ilue of the medium would be an optimum. 

Fig. 4 the delay time is only zero when the rise 
zero. Since in a real system, timing difficulties 
y decide the maximum usable packing density, 
ay-time considerations may often mean that a 
rise time than is determined on grounds of pulse- 
> necessary. 

Conclusion 

iavc shown that the theory gives reasonable agice- 
ith experiment for delay time, although the agree- 
or transition lengths was poor. This was due to 
lieultics in maintaining and measuring the bead- 
n separation, and to the inaccuracy of some of the 
imations. This approach has, however, enabled 
pcndcncc* of transition length and delay time on 
nc to be determined in analytic form and an c.\- 
m for critical ri-e time to be derived which is ac- 
even for low separations. 

authors have shown that the results given may be 
o compare the effects of seif-demagnetization with 
f finite flux rise time. 

NOMENCLATURE 

ongitiidinal coordinate fixed in medium 
ongitudinal coorclinate-fi.ved relative to gap center 
* cad to medium reparation 
;;ap width 

demagnetization transition length 
transit ion length 


1 ' . V .. . 

I time \ 

T rk>e time \ 

id delay time V 

T e critical rise time \ 

H x longitudinal component of bean field 
H, maximum longitudinal field seen by particle 
H 9 head field within gap {t > T) ! 

H c coercivity of medium 
Mo retentivity of medium 
Mr remanent magnetization. 
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Fig. 6—Oscillogram of an isolated read pu!cc. 
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where n - 0, ±1, ±2 % db3,.... At / - 0 there is a 
_maximum of 

--7W- 2 X! (-1)' «p f- («’•) , j £? 

Since the maximum of an isolated normalized pulse 
is l t the bit amplitude in percent is given by 

BA - ij X 100 (8) 

Equation (8) has also been programmed on the 
7090. The resulting plot of bit amplitude versus 
7/r is given in Fig. 4. 


1200 in./sec, and write current was 100 ma. A con¬ 
tinuous sequence of Ts was used to test for bit 
amplitude. ? To test for bit shift, the format 
00000001 ldooooco was used. 

An oscillogram of an isolated read pulse is shown 
in Fig. 6. The experimental and theoretical curves 
for bit shift and bit amplitude arc compared in 
Fig. 7. They show good agreement between pre¬ 
dicted values and test results, o 
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Experimental Verification 

The theoretical results described above were 
verified by.running laboratory tests on an actual 
read head. A non-contact head with a mechanical 
loading of 350 grams was operated from data 
recorded on a magnetic disk of aluminum coated 
with iron oxide. The track diameter was 8 in., disk 
coating thickness was 200 linear velocity was 
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Fio. 17.18. Insertion-loss characteristics of network shown in Fig. 17.17. 

17.3. Phase Equalizers. The types of phase equalizers treated are those «* 
theoretically introduce either zero or a fixed amount of attenuation at all frcqucn- 
They can therefore be added to existing circuits for phase correction without 
torting the gain characteristics. 

The shape of electrical impulses which contain many frequency components r.c 
distorted in passing through an electrical circuit even though the circuit has the * 
gain for the different frequency components. If such is the case, the distort - 
due to unequal transmission delays for the different frequency components * 
type of distortion is called phase distortion and can be corrected by adding a *»• ’ •* 
which will cause the total transmission period for all frequencies to be identical • 
added network must, therefore, be a network in which the phase charnel* * • 
can be controlled. 

Equal transmission periods for different frequency components through a f: 
stipulates that the circuit must introduce either no pltasc shift or an amount of I 
shift which is directly proportional to frequency. This is identical to status 
the* transmission period must be either zero or a constant amount at all frequ’ 
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fu&lixers treated arc those which 
l of attenuation at ali frequencies 
For phase correction without dis- 

tny frequency components can be 
n though the circuit has the sani»* 
uch is the case, the distortion * 
nt frequency components. This 
be corrected by adding a network 
frequencies to be identical. Tfc* 
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3y component* through a circuit 
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ATTENUATORS AND EQUALIZERS 
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Four different configurations of phase equalisers 1 are shown in Figs. 17.10 to 17.21. 
|t should be noted that the four-terminal networks con be used in only those applica¬ 
tions in which the input and output circuits are either both balanced or are in no way 
connected to each other. 

The circuit in Fig. 17.19 introduces an insertion loss of 6 db and does not have con- 
,l&nt input and output impedances as a function of frequency. In addition, the 

i 
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Fio. 17.10. Phase equaliser with a 
fixed insertion loss of 6 db. The 
phase characteristics are exactly 
the same as for the lattice network 
shown in Fig. 17.20, provided the 
output is not loaded. 
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Fxo. 17.20. Phase-shift network with 
aero attenuation. Refer to Fig. 
17.22 for phase characteristics. 
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Fio. 17.21. Phase-shift network with sero attenuation. Refer to Fig. 17.23 for phase 
characteristics. 

phase -shift curve for the circuit, Fig. 17.22, is baaed on there being no terminating 
impedance. 

A center-tapped transformer secondary winding could be substituted for the 
resistor in Fig. 17.10, provided the amplitude and phase characteristics of the trans¬ 
former were acceptable. 

The networks shown in Figs. 17.20 and 17.21 have constant input and output char¬ 
acteristic impedances as a function of frequency and provide phase shift without 
•ttenuation. Figures 17.22 and 17.23 indicate the phase characteristics which can 
he obtained. 

The phase equalizers shown in Figs. 17.19 to 17.21 introduce a lagging phase shift. 

1 These networks are also referred to as all-pass filters. 
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Exam pit 17J 

Amu me that intelligence must he transmitted in the 10- to 20-kc frequency band and 
that the circuit employed introduces phase shift in accordance with the following tabulation. 

Phase Shift Frequency 
-27° 10 kc 

-43.5* 15 kc 

—63* 20 kc 

Design a phase equaliser of the lattice type with a characteristic impedance of 1,000 ohms 
for use with this circuit. 

Solution 

1. Determine the required phase characteristic* of the phase equalizer. 

The departure from linear phase shift as a function of frequency for the existing circuit 
must first be determined. Since the phase shift at 20 kc is — 03°, the phase shift at 10 kc 
should be \'i X —1*3. or — 31.5°, and the phase shift at 15 kc should be X —03, or 
—47.25°. The existing network therefore introduces a phase error of +4.5° at 10 kc and 
+3.75° at 15 kc. 

Pkaee Error Frequency 

+4.5° 10 kc 

+3.76° 15 kc 

0° 20 kc 

The phase equaliser must therefore exhibit the inverse characteristics. La, 

Phase Error Frequency 

—4.5° 10 kc 

-3.75° 15 kc 

0° 20 kc 

2. Determine from Figs. 17.22 and 17.23 if the required conditions tabulated in step 1 
can be satisfied with either of the networks shown in Figs. 17.20 or 17.21. 

Since the network shown in Fig. 17.20 is simpler, the curve shown in Fig. 17.22 should 
first be examined. 

The procedure is to determine if the phase shift in the equalizer at any three values of 
///*, which are related in the same proportion* as are* 10, 15, and 20 kc, will depart from 
linear phase shift as a function of frequency by the desired amount. A few experimental 
groups of values of ///« reveal that the phase shifts for /// # equal to 0.4, 0.6, and 0.8 are 
equal to —43, —61.5, and —77°, respectively, and satisfy the speciBed requirements. This 
is true since a phase shift of —77° at ///. *■ 0.8 requires that the phase shift be —38.5 and 
—57.75° at ///• equal to 0.4 and 0.6, respectively, for linear phase characteristics. The 
phase equalizer therefore introduces phase errors of —4.5 and —3.75° when ///. is equal 
to 0.4 and 0.6, respectively. It should be apparent that the three values of ///#, that is, 
0.4, 0.6, and 0.8, correspond to / being equal to 10. 15. and 20 kc, respectively. 

3. Determine /• and the values for the lattice elements. 


£ - 0.8 (at / - 20 kc) 

/. -25kc 

From Fig. 17.22 


6.3THH 



6.37 UH 


Fio. 17.24. Lattice network for Example 
17.5. 


a 


1 

25,000 


4 x ict 1 


From Fig. 17.20 

4 X ICT* X 10* 

L " 2 X 3.14 

- 6.37 X 10-* henry, or 6.37 mh 

„ 6.37 X 10”* 

C ~ 10* 

- 6,370 X I0r» farad, or 6,370 ^ 


Pri: 


18.1. 3 

18.2. i 

18.3. 

18.4. : 
18.6. 1 


The lattice network ia shown in Fig. 17.24. 
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MODERN LOW-PASS FiLTER CHARACTERISTICS 


Side-by-side comparison of filter character¬ 
istics can help the designer to choose wisely 
between the available types of networks. 
This article displays phase and group delay 
as well as magnitude characteristics. 


with the restriction that the characteristic be mon- 
otonic. 

Lumped-Parameter Low-Pass Filters 
The filters discussed here are all low-pass all-pole 
networks. The transfer function for such a network 
is of the form: 


A number of different types of netw orks arc used to 
implement low-pass filters, and designers often need 
to compare the various types for possible use in a 
given application. Magnitude-versus-frcqucncy 
characteristics arc usually well known, but less in¬ 
formation has -been published on phase response 
and group delay; yet the latter characteristics arc 
often equally important. This article describes*the 
phase and delay characteristics of a number of im¬ 
portant modern filter types so that they can be easily 
evaluated and compared. 

The network types considered here include But- 
lerworth or maximally fiat fillers and Chcbyshev or 
equi-ripple filters [1-5]; Bessel, Thompson, or maxi¬ 
mally fiat delay filters [6-8]; transitional Butter- 
worth-Thompson filters (9); and Legendre, optimum 
monotonic, or L-typc filters [10-12]. 

The first three types are widely known. [13] The 
transitional Butterworth-Thompson filter attempts 
to combine the best features of the Butterworth and 
Bessel filters. The design is based on a map that 
smoothly transforms the filter poles from the Butter- 
worth locations to the normalized Bessel locations 
as a parameter m changes from 0 to l. The transi¬ 
tional Butterworth-Thompson poles arc in various 
compromise locations defined by values of m be¬ 
tween 0 and 1. 

The Legendre characteristic attempts to combine 
the best characteristics of the Butterworth and 
Chcbyshev characteristics. Here, the stopband- 
magnitude characteristic is made as steep as possible 



Filter designers face many difficult choices 
in matching available design techniques to 
specific applications. Graphical compari¬ 
sons of techniques emphasize their limita¬ 
tions and potentialities. 



H(s) 


K 

Q{s) 


(s - X|X* - Sl) '--(s - J„) 

where O(s) is a polynomial in s of order n ( n is also 
the order of the filter), and s, are the poles, w hose 
locations determine the characteristics of the filter. 
When subjected to sinusoidal input, the magnitude, 
phase, and group delay of the network are found by 
settings • ju Then 
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The relationship between A/ <f <r # , and is shown 
in the figure. The magnitude and phase of the trans¬ 
fer function H(ju>) arc: 

A' a: 
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The group delay is defined as 
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du 
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The figure and Eq (2) show that the total phase at 
frequency u is 
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Differentiating, we find 

m 

**(") - — . 

4-1 + (w - «,) 

Thus, when the pole locations are know n, the group 
delay can be found by a simple summation. 
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Normalization 

The characteristics given in this article have com¬ 
mon normalizations in both magnitude and fre¬ 
quency so that the results are comparable for the 
various filter types. The magnitude is normalized so 
that its maximum value is l for all values of u. This 
maximum usually occurs at u » 0 so that H( 0) « 1: 
in fact, the one exception to this rule is the Cheby- 
shev filter for n odd. The characteristics are nor¬ 
malized in frequency so that the 3-db loss point 
occurs at <a » 1. It should be noted that, although 
this normalization is usual for Butterworih ar.d 
Legendre filters, it is not the one customarily used 
fogChebyshcv, Bessel, or transitional Butterworth- 
Thompson fillers. . 


Magmuiue ctiaractcii>t.cs, phase charaetct 

group dclajs. and normalized pole locations for 
various filter t>pes arc shown in the accompanying 
panels. Information has been published elsewhere' 
on the transient responses of the Butterworih, 
Chebyshcv, and Bessel filters [14] and of the transit 
lion a 1 Butterworth-Thompson filter. [9] However, 
these sources use different frequency normalizations 
from the one used in this article. 

The actual time delay of any filter may be found 
easily by dividing the normalized group delay by the 
cutoff frequency. Thus, if the delay of a normalized 
filter is I, seconds at a particular frequency, the 
delay of the filter with a cutoff of f e cps is 


’. *»/"r - (8) 

For example, the normalized fifth-order Legendre 
filter has a group delay of i t - 3.99 sec at u - 0.1 
rad/sec. If this filter is built with a bandwidth of 
ft — 2 Me, the delay at/ - 0.2 Me is 


3.99 

. (2tX 2 x 10‘) 


3.18 x 10* 7 
0.318 (is 
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DATA DETECTION METHODS VS HEAD RESOLUTION 
IN DIGITAL MAGNETIC RECORDING 


I. K Onhim* 


ABSTRACT 

The detection mtthadt for determining the presence pf e 
magnetically recorded bit depend on the operating conditions of the 
magnetic recording head and media. The Bit Density curve which best 
describes the head and media operating conditions is divided into four 
regions of Interest. Methods for data detection suitable for each of the 
regions are listed together with block diagrams of typical detection 
circuits. Circuit parameters that effect correct data b«t placement m a 
serial data stream are discussed. 


I. INTRODUCTION 

Theoretical traatment of data reproducibility and performance in 
digital magnetic recording systems has largely been focused on the 
magnetics of the head and media. The electronics necessary in such 
systems has been neglected in the literature. For many years the thrust 
towards higher recording densities was achieved by maKing propor¬ 
tional changes in the various system dimensions. A high resolution 
head signal was deemed essential for best data reproducibility. The 
work of Karlquist 1 . Hoagiand 2 and many others has resulted in a better 
understanding of the recording and read-back process which has 
permitted the design of machines with increased data density. The 
recent higher density machines have focused on other than the ideal 
high resolution head signals. The design of the electronics necessary 
to resolve a bit is heavily influenced by the linear density or BPi curve 
of the magnetic system. This paper addresses itself to the data 
detection methods that best determine the presence of a recorded 
transition as a function of the resolution of the head signals. 


II. THE BIT DENSITY CURVE 


A particular magnetic recording head and media combination can 
best be characterized by a set of performance curves. A family of 
saturation curves can be made by plotting the normalized head output 
voltage as a function of the write current magnitude for each of several 
different recording densities. A second and equaliy valuable curve is 
taken from the saturation curves. It is made by plotting the normalized 
head output voltage at a particular value of write current against the 
recording density. This curve is the Bit Density Curve, or BPI curve, for 
that head and media. Sometimes the point of ideal write current for a 
particular recording density is plotted instead of at a fixed write 
current. This takes into effect the field spreading associated with 
higher write currents at higher recording densities and results in a 
more realistic view of the head's and media's capability. The head 
resolution ta determined from the saturation curves and is the ratio of 
the head output voltage peak-to-peak at the highest bit density of 
interest to the head output voltage peak-to-peak at the lowest bit 
density of interest: 


Resolution * 


2F output voltage pp 
IF output voltage pp 


for FM Codes 


^ All ones output voltage pp 
u ,on 'isolated pulse output volt pp 


for NRZI 


The Bit Density Curve may be divided into four regions as shown 
in Fig. 1. Region 1 covers the higher resolution area: Region 2. the 
comer area: Region 3, the poor resolution area; and Region 4. the very 
poor resolution area. 

IV. CIRCUITRY 

The type of circuit utilized for detecting the presence of a 
recorded bit changes with the region of operation. Ir, Region 1 the 
read-back signals are essentially isolated pulses The traditional 
detection scheme, which dates from the early 1950s. calls for an 
amplitude-sensitive circuit that removes the baseline area from the 
signal such that only the signal peaks above some threshold voltage. 
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Fig. 1. Bit Density Curve 

or clipping level, are passed onto a peak sensing and gating circuit. 
Figure 2 shows a block diagram of one such circuit. The signal peak is 
the actual center of the recorded bit. which is the instant of the 
maximum flux change recorded in the media plus some phase shift 
through the head circuit. In digital systems this bit position/time 
information is preserved in order to achieve accurate declocking of the 
recorded bit. The low pass filter bandwidth needs to include the 3/2 
harmonic of the highest flux reversal pattern recorded. Spectrum 
analysis reveals the presence of this harmonic in any pattern where the 
read signal returns to the baseline. This bandwidth will permit 
minimum amplitude distortion as the 3/2 harmonic is essential to 
accurate peak timing. Also, the filter needs to have linear time delay 
characteristics within the pass band for the same reason. Butterworth. 
Butterworth-Thompson. and Bessel filters have been successfully used 
in this position. A differentiator is used to provide a baseline crossing 
for each signal peak. The differentiated signal is limited to provide a 
square wave edge corresponding to the input signal peak. The 
amplitude of the input signal to the differentiator should be sufficient 
to remove the ambiguity of the limiting circuits. The gain out of the 
limiter is usually made equal to that reouired to cause one electrical 
degree of the minimum expected input signal to resuit in a full 
amplitude change out of the limiter. The differentiated and limited 
signal contains not only the baseline crossing information resulting 
from signal peaks but also those resulting from all sources of noise * 
The gate generator’s function then is to biock those peaks that are 
noise related but pass those resulting from the true signal peaks. This 
is done by utilizing a clipping level detector that generates a gate only 
when some predetermined clipping level is exceeded. The clipping 
level is usually expressed as a percentage of the signal amplitude: 
consequently automatic gain control circuits are used prior to the 
detection circuits. Sometimes the same purpose can be achieved by 
generating an automatic clipping level derived from the input 
amplitude. This approach is illustrated by the dashed line to the gate 
generator. The output pulses from the "and" of the gate and the 
differentiated and limited signal is processed by timing circuits that 
clock the bit into its correct position in the serial data stream. 
Phaselocked loops perform this function today. Before 1965 this 
function was provided by clock tracks. 

In Region 3 the signal has very poor resolution. It was first used in 
the early 1960s with the introduction of setf-clocking codes such as 
Phase Modulation an<J Frequency Modulation. These codes always 
provide a transition at least every bit cell time resulting in signals 
referred to as IF for dock bits only and 2F for clock bits and data bits. 
Intersymbol interference is so great that the signal reduces essentially 
to sinusoids with very little third harmonic content. The concept of a 
baseline disappears; therefore, a clipping level approach »s impractical 
since many head signals may not cross the baseline. The waveform is 
then assentially continuous. The signal can be processed by utilizing 
the circuit block diagram shown in Fig. 3. The circuit consists of an 
amplifier, low pass filter, differentiator and limiter, followed by a 
bidirectional single shot. No automatic gam control is required nor is 
any gating. The output pulse represents each signal peak. The filter 
bandwidth needs to be wide enough to include the 3rd harmonic of IF 
as before, and linear phase ts required. 



an be improved by using write 
Timetr»c*i deciockmg windows. which 
j despite high mtersymbof interference 
•ately writes bits either early or late to 
resulting from intersymbol interference 
locking windows take advantage of the 
tion codes, where the clock bit is always 
iaractenstics of minimum bit shift for the 
led on both sides by a clock bit. and 
;k bit if the one bit is missing. The floppy 
this type of detector circuit. 

msiderabie 3rd harmonic content in the 
in a tendency for the Signal to return to 
ihouldenng. and it occurs between pulses 
jtion is not great enough to permit the 
i in Region 1. due to some signal peaks net 
s too high to use the simple circuit used in 
drive tne differentiated signal back to the 
» crossing of the differentiated signal that 
ge of the recorded transition; therefore, any 


noise *n the shoulder * r» can enve tne sign** sc-css The basest and 

ger-eratt a ta sa bit. 

One method of detecting a bit in this region requires in* same 
block diagram as used in Region 1 (Fig. 2) with a major change to the 
gate generator Here the reference relates to a percentage of the signal 
peak rather than a percentage of the signal amplitude around the 
baseline Automatic gam control it required because amplitude is one 
of the critena for detection. Another approach it to devtse a variation 
to the circuit of Fig. 3 as shown in Fig 4. A delay line and a ~D" flip 
flop.can be added that ignores the shoulder area noise by taking 
advantage of the alternate polanty signals of magnetic digital record- 
ing. The ~D~ input is clocked at a time less than the time to the noisy 
area but greater than the width of tha nofay area. Thus s square wave 
is generated that does not contain the uncertain area resulting from 
the differentiated shoulder This then may be processed as before by 
using a bidirectional single shot to produce an output pulse for each 
square wave edge. Again, write precompensation and/or unbalanced 
deciocking windows are often necessary to maintain error perfor¬ 
mance. Pulse slimming filters such as described by Sierra 9 and Huber 4 
may be used to improve the head signal resolution to that found in 
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Fig. 2. Traditional Detector, Region 1 used only for high resolution recording 










Fig. 4a. It a block diagram of a region 2 oat actor. 
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Fig. 4b. Is the differentiated and limited head signal. 

The area bounded within T 2 results from 
• differentiated shoulder in Region 2 where 
T,«DELAY<T,. 

Region 1 so that those circuits may be utilized. However, some types 
can increase the noise content of the signal or worsen the signal-to¬ 
rtoise ratio because they emphasize the higher frequency noise. Media 
noise often reduces the benefits of using slimming filters. 

Beyond Region 3 lies an area utilized by the magnetic tape 
industry almost exclusively. Again intersymbol interference is so great 
find resolution so poor that the signal is essentially a senes of 
sinusoids. Bit shift is so great that normal declocking circuits cannot 
properly position a bit into its own time slot. Voting techniques have 
iseen used, as illustrated in Fig. 5. that divide the limited differentiated 
signal into small time slots and then weigh the total count of each 
polarity against a criterion of the recording code used. Here the code 
becomes a part of the declocking scheme since the decision as to 
whether the bit was early or late depends on superposition. 

V. CONCLUSIONS 

" From the foregoing~it can be readily seen that a detection scheme 
may be designed for any portion of the Bit Density Curve. The skill of 
the recording circuit designer who knows the alternatives available to 
him in terms of bandwidth, signal-to-noise ratios. 1 bit shift.* deciocking 
tolerances, data codes, and circuit types is just as Important to a 
successful machine design as the head and media design. The history 
of data density increases is very impressive. Figures 6 and 7 show the 
trends over the past 20 years of digital magnetic disk recording. There 
have been breakthroughs in many areas of head design, air bearing 
design, disk surface finishes, coating formulations and processes, 
electronic components, positioning mechanisms and skills that have 
contributed to higher density data storage The present use of a head 
mounted integrated circuit is the culmination of an idea that dates 
back to the late 1950s. It was technology before its time then, but it is a 
necessity today in terms of sigrtal-to-noise ratios and bandwidths. 

The future still appears to be in very high frequency, narrow track 
recording. Ferrite heads, which have permitted such high gains in 
recording density in the past, are reaching the limit of grain boundary 
dimensions in track width. Thirvfilm heads have the characteristics 
that will fllf the need for-higher track densities at substantiatlytiigher 
transfer rates. Again, the circuit block diagrams will need to be revised 
to accommodate the electrical signal characteristics from the thirvfilm 
heads. 

REFERENCES 

t. O. Kartquist. “Calculation of the Magnetic Field in the Feiomagnetic 
Layer of a Magnetic Drum," Transaction, Royal Institute of 
Technology, Stockholm. Sweden. No. 86-1954. 

2- A. S. Hosgtand, “Digital Magnetic Recording." Wiley. New York, 
1983. 

3. H. M. Sierra, “Increased Magnetic Recording Read Back Resolution 
by Means of a Linear Passive Network," IBM Journal of Research 

end Development 6, 22 (1962). 


1 1 0.-0 1111 



»* 



Fig. 5. Region 4 Detector used in Tape Machines Exclusively 
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EFFECT OF BITSHIFT DISTRIBUTION ON ERROR RATE 

IN MAGNETIC RECORDING 

I 

Eric R. Katz, Member, IEEE, and Thomas G. Campbell, Member, IEEE 

ABSTRACT 

A formalism is presented which relates the intrinsic error rate of a digital 
recording channel to measurable channel parameters: inter-pulse interactions 
and signal-to-noise ratio. Experimental data is provided to support the theore¬ 
tical model. Implementation of the formalism allows clear identification of 
recording channel limitations and provides a-method for determining the most 
reliable use of the channel. 

« 

INTRODUCTION 

. • 

The bit error rate achieved by a digital magnetic recording system is a valuable 
criterion to use in evaluating its performance. The bit error rate is defined 
as the fraction of bits detected in a bit stream that differ from those bits 
actually .recorded in the media. It is a raw error rate which occurs before 
error correction, and|includes errors in clock pulses as well as data pulses. 

The observed bit error rate in a real system results from the combination of 
many contributing effects, which include noise transients, media defects, over¬ 
write, adjacent track pick-up, and external disturbances. 

This paper was presented at the International Magnetics Conference, Florence, 
Italy, May 1978. 
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However, even in the absence of these effects, the bit error rate can never be 

less than an intrinsic error rate, which is shown here to be dependent upon 
the bitshlft distribution that results from the given implementation of the 
read/write head, media, and channel. This error rate Is particularly signifi¬ 
cant because it identifies the best potential performance of the recording 
channel. This error rate has been discussed previously [1,2] in terms of the 
signal-to-noise ratio (SNR), but it is described here in terms of the inter¬ 
pulse interference as well as a more clearly defined SNR. By treating both of 
these contributions simultaneously, a more complete description of the error 
rate is obtained; and the importance of inter-pulse interference, which is 
determined'by the readback pulse width, linear bit density, and the data 
encoding method, can be compared with the effects of SNR, which is dependent 
on the media and electronic noises and the recorded track width. This allows 
the channel performance to be optimized with respect to the various design 
parameters available. 

THEORY 

Consider the data recovery process in digital magnetic recording systems in 
which there is a series of bit intervals with one interval for each bit in the 
logic stream. These intervals are phase-locked to the average phase of the 
incoming signal to allow minor variations in the readback data rate. It is 
useful to think of each bit interval as a window in time; if a pulse is 
detected in a window, the bit is interpreted as a logic "one", otherwise, it 
is a logic "zero". In order to describe the relation between bit error rate 
and the system parameters, it is convenient to introduce the bitshift distri¬ 
bution. It is formed by taking all pulse peaks in a data stream and super¬ 
posing their positions relative to their own data windows onto a single data 

2 . 
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. The bitshift distribution is therefore a histogram of the positions 

he pulse peaks In the Individual bit windows with the horizontal axis 

esenting the position In the time window; the vertical axis represents 

number of pulse peaks occurring at any given position with respect to the 

ter of the intended time window. In the Ideal case of a noiseless channel 

no Inter-pulse interactions, there is no bitshift; the bitshift distribu- 

m Is simply a delta function located at the center of the time window. 

is Is shown in Figure la. In real systems, where pulses are packed closely 

gether to maximize the data storage density, the effect of pulse interactions 

i to shift the positions of various pulses from the centers of their data 

* 

indows by unique discrete amounts [3], Figure lb shows the splitting of the 
itshift distribution for noninteracting pulses into several smaller peaks, 

,ome shifted forward in time, while others are shifted backwards. This 
“interaction-induced" bitshift is dependent on -both the pulse density (the 
ratio of the pulse width to the interpulse spacing) and the patterns in the 
logic stream. Pulse peaks with symmetric environments, as in an "all ones" 
pattern, will have no pattern-induced bitshift; whereas pulse peaks with asym¬ 
metric peak environments will be shifted away from the center of the data 
window,.. 

In addition to "interaction-induced" bitshift, the pulse peaks will be s sub¬ 
ject to additional bitshift due to the effects of noise according to: 

■gjrtS(t 0 + At) + n(t ) ]=0 (1) 

where S(t) is the signal waveform, to is the unperturbed position of the pulse 
peak. At is the bitshift, and n(t) is the noise voltage as a function of time. 
If S(t) is expanded in a Taylor series about t 0 , then to first order the 
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bitshift is given by: 

|4t| - ji 1 (toJ/S,* (2) 

I . 

where n'(t 0 ) is the noise as measured after filtering and differentiation, and 
Sj" Is the second derivative of the signal waveform at the 1th pulse. Conse¬ 
quently, every pulse peak in the logic stream is shifted in a manner that can 
be described by a probability density function, P(t), which is related to S-j**(t) 
and to P(n'), the probability distribution of the differentiated noise. Figure lc 
shows the spreading of the bitshift distribution due to the "noise-induced" bit- 
shift. The Intrinsic error rate of the channel is simply the area of the tails 

ft 

of the bitshift distribution beyond JT W | normalized to the total area of the dis¬ 
tribution, viz. the fraction.of bits falling outside the Intended window. 

• 4 , 

In cases where the noise has a Gaussian probability distribution and for times t 
small with respect to the pulse width, one can show that the bisthift distri¬ 
bution is given by: 

P(t) = JsjA^{exp[-(t - T li ) 2 /2x| i ] + exp[-(t + x lf ) 2 /2x| i J> (3) 

.where the A. represent the fraction of pulse peaks in the. i^ local data pat¬ 
tern, the t-j.• are the bitshifts induced by inter-pulse interaction, and the 
describe the broadening of the distribution due to the random noise according to 
(2). Equation (3) may also be considered to be the probability of finding any 
bit in the data stream displaced from the center of its data window by time t. 

The encoding method determines the number of terms in (3) as well as the size 
of the data window, and the structures of the data patterns allowed by the 
encoding method determine the magnitudes of the t-j^. The may be 



d by using linear superposition of characteristic pulses, or by more 

:e methods [4,5]. The T£j» the RMS values of the noise-induced bit- 
are found from (2), with n’(t 0 ) replaced with the RMS value of the 
Generally, the will be slightly different for each local data 
i, as the sharpness of the pulse peaks, S^", depends on the details of 
:terr. 

* 

anting value of the system bit error rate, the intrinsic error rate, is 
by examining the bit stream comprised of that data pattern in which the 
s undergo the greatest peak shift. In practice, this worst case pattern 
ally consists of pulses whose inter-pulse spacing alternates between the 
sum interval and the minimum interval allowed by the code. The bitshift 
"ibution for this data stream is: 

P(t) « %{exp[-(t - t 1 ) 2 /2x|l + exp[-(t + (4) 

re Tj Is the "interaction-induced" bitshift for the above worst case pattern, 
T£ Is the corresponding RMS value for the "noise induced" bitshift. The 
rinsic error rate is then: 

E * J$[erfc(x_) + erfc(x + )] ^ (5) 

-e x + = (T + x_ = (T - t i)/ t 2* and 2T w is the data window width. 

the most general case the error rate may not have the erfc form, which 
ilted from the assumptions of a Gaussian probability distribution due to 
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random noise and the retention of only three terms in the Taylor expansion of 
the pulse In the vicinity of the peak. In any case the error rate will be 
the value of the integral of the actual bitshift distribution for times 
larger than |T W |: 

-T +°° 

w 

E»/ P(t)dt+/ P(t)dt. (6) 

-00 T 

The bitshift distribution P(t) is found by solving (1) explicitly for T2i 
for each pattern allowed by the code, finding tjj for each data, pattern, 
and by finally summing all terms as in (3) but with the proper functional 
dependence on time as dictated by the actual noise probability distribution. 
The noise probability distribution will have a Gaussian component from the 
random noise due to the media noise and broadband electronic noise, and may 
have other components from overwrite (partially erased earlier data) or 
adjacent track pick-up, which will generally have sinusoidal forms, as well 
as contributions from any other extraneous noise sources. 

APPLICATION 

A recording system may be evaluated directly by measuring the error rate as 
function of data window size. This information is obtained by using a data 
separator that runs at the data clocking rate and has an adjustable window 
tridth; the bits that fall outside of the chosen window are counted as errors. 
Fitting this data, taken at convenient window widths, to (5) determines t-j 
and T£; these parameters are then used with the actual data window in (5) 
to predict the operating error rate. The key point here is that the intrin¬ 
sic error rate in most practical digital magnetic recording systems is too 
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2 directly in a reasonable time; however, it may be determined 

knowing the functional form of the error rate curve together 

» 

al form of the curve at small windows.. A typical error rate 

m In Figure 2 with the range of obtainable data points indicated 

line and the Intrinsic error rate Identified as the value of the 

half width (T w ) of the data window. Figure 3 shows actual 

n a Memorex 3650-type R/W Interface using MFM code and a data window 

= 52 nsec. Two different patterns were measured and for each pattern 

< is made with theoretical curves that were generated from (5) with 

, T 2 = 2.0 nsec being the parameters fitting the 101010... 

♦ • 

tj =4.1 nsec and ^ - 1.7 nsec being the parameters fitting 
.. pattern. The limitation of the recording system due to noise 
en in the error rate curve for the 101010... pattern in which the 
* the same symmetric environment and T i is consequently zero, 
interaction effect is seen in the error rate curve for the 110110... 
hich is the worst-case pattern for this particular code; the 
uced" error rate curve tends to be displaced toward the window edge 
nt equal to the "pattern-induced" bit shift. Thus, the relatively 
on of the error rate curves at small window sizes is predominately 
se-interaction effect, while the error rate curvature at large win¬ 
ds on the SNR Ill. Figure 4 compares error rate curves for dif- 
nal-to-noise ratios, which were obtained by displacing the head 
rom the written track. The data in this figure, which was gener- 
an IBM 3340-type interface having a track width of 65 ym, and a 

i 

w of 2T W = 76 nsec, shows that the slope of the error rate curve 
indows decreases as the SNR decreases, as expected. This is 
monstrated in Figure 5, which gives the value of describing the 
curve as function of the displacement of the head from the written 
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track. The dotted line shows the expected variation of with the 
assumption that the head has a side-reading width of 5 ym. 

While the experimental error rate curve can be used to determine the chan¬ 
nel resolution and SNR, It also Identifies other error mechanisms. Figures 
6 and 7 illustrate the types of error rate dependences typically found for 
hard media defects and intermittent errors, respectively. One type of 
Intermittent error is the "soft" media defect, where the magnitude of the 
signal loss is not sufficient to cause a complete bit dropout. However, 
the local degradation of the SNR results in a local broad error distribu¬ 
tion that contains only the small number of bits affected. This distribu¬ 
tion is shown schematically as the dotted line in Figure 7. Thus the shape 
alone of the error rate curve often distinguishes a deficiency in channel 
design from media defects or other intermittent errors. ' 

Since the error rate curve identifies the recording channel limitations, the 
optimum implementation of the channel is facilitated. For example, the rela¬ 
tive utility of different digital codes is evaluated directly by compar¬ 
ing the experimental error rate curves for the worst case data patterns for 
each code. The design of the recording channel may be optimized by construct¬ 
ing theoretical error rate curves for different values of pulse density and 
SNR. From these curves the error rates expected for various digital codes 
are compared and trade-offs are then made between linear bit density 
(pattern-induced bitshift) and track density (noise-induced bitshift) in 
maximizing the areal bit density for a given error rate. Likewise, the 
benefit of pulse narrowing equalization is estimated by inserting the 
reduced pulse width into the calculation for pattern-induced bitshift, and 




using the lower SNR in the determination of the noise-induced bitshift, and 
r then computing the combined effect on the overall intrinsic error rate. Con- 

I 

1 sequently, improvements required in a recording channel can be estimated 
quantitatively with (5) and the resultant effects of pulse narrowing or a SNR 
enhancement are then verified by measuring the error rate curve for the modi¬ 
fied channel. 

CONCLUSIONS 

An experimental technique for analyzing the recording performance of a digi¬ 
tal magnetic recording channel has been described; the technique can deter- 

• • 

mine very low error rates by extrapolation and also can detect anomalies such 
as media defects and recurring noise transients. r A theoretical model has 
been presented to support the experimental method and this model can be used 
to predict the most effective utilization of a channel. The basis for com- 
^ pari son has been the channel error rate which is due to the combined effects 
of inter-pulse interactions and signal-to-noise ratio; and because this error 
rate exists for all recording channels, it has been called the "intrinsic 
error rate." 
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JURE CAPTIONS 


g. la Bitshift Distribution for a data stream in a noiseless channel with 
no pulse interactions 

Ig. 1b Bitshift Distribution for a data stream in a noiseless channel with 
pulse interactions. 

'ig. 1c Bitshift Distribution with pulse interactions in a noisy channel. 

The intrinsic error rate is the area of the tails beyond |T W | 

normalized to the total area of the distribution. 

# 

Fig. 2 A typical error rate curve with the range qf experimental points 
and intrinsic error rate illustrated. 

Fig. 3 Error Rate Curves for two patterns taken with a Memorex 3650-type 
R/W interface. 

Fig. 4 Comparison of error rate curves with differing signal-to-noise 

ratio. Data was obtained with an IBM 33*10-type R/W interface. 

% 

Fig. 5 Increase in calculated from least-squares fit to data obtained 
with displacement of the head from the written track. The R/W 
interface is the same as in Fig. 4. 

Fig. 6 Expected error rate curve when a hard media defect is present on 
the track. Solid curve is the observed error rate curve; dashed 

curves represent the two .components comprising the overall error 
rate. 



Fig. 7 


Expected error rate curve for an Intermittent error, such as a 
"soft" media defect. 
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Code Performance and Head/IViedla Interface 

R.D. FISHER. Member IEEE, and J.J. NEWMAN. Member IEEE 


T— The limitations of selected run length limited codes relative to 
ical recording density at given error rates ere examined with a 
tCJdtsc system interface. This paper presents a method tor the 
of run length limited codes on the Oasis of error rate as a function 
m linear density. Experimental measurements of the intrinsic error 
iChon of the maximum linear density were utihred with theoretical 
sties of the code to datormme the practical data density limitations, 
j upon the system configuration, the oftactive ness of the code can 
aithor by the noise characteristics and/or pattern induced peek 
3% increase in Unear density at an error rate Qf 1C~'0 can bo 
by the proper choice of code relative to MFU without changing tho 
ha/system interface. 

I. INTRODUCTION 

operational performance of digital disc recording 
s may be optimized by implementing the proper onccd- 
oding scheme. Disc storage systems generally utilizo 
.coding by peak detection within a phase locked loop 
led timing window. Data pulse patterns are shifted in 
dative to the detection window due to pattern Induced 
hift, media noise, etc., which may result in errors [1], [21. 
the linear density or data transfer rate increases (given 
;y). the available window for peak detection decreases, 
for a given recording system, the reduced window 
is increase the error susceptibility. In high density 
iing. it is desirable to minimize pulse crowding effects by 
g the spacing between consecutive magnetic transitions. 

vever. the error rate probability depends on both pulse 
rn induced peak shift 2 nd signal to noise ratio. This paper 
ibes a method for characterizing a given head/disc/ 
m interface relative to error rate and provides a method 
electing a code for tho maximum linear density with 
num error rates without altering .the system. 

II. CODE CHARACTERISTICS 

in’length limited codes convert N data bits into C code bits 
the constraint that consecutive cede bits or magnetic tran- 
ns are separated by at least d. but not more then K, empty 
lion intervals or detents. Codes of this type can reduce or 
mize peak shift by separating consecutive transitions, 
sn the data period is T. the minimum and maximum time 
rvals between consecutive transitions are T m in~(N/C) 
t)T and T max —(N/C)(k + 1)T which can be related to a 
n system through the data transfer rate (DTR-meoia 
city x data bit density-V x B-1/T). Then we may write 
max-(C/N)B/(d-M) and FCl m j n -(C/N)B/(k +1). The 
action window, T w , and the clock rate are defined by 
-NT/C and clock rate-t/T w -C/NT-(C/N) x DTR. Code 
;tency or density ratio can be defined as the ratio of the 
;imum number of data bits to the maximum number of tran- 
ons or filled detents, i.e., E - 3/FCI ma x - <N/ 
1+1) — Tmln/T. A summary of parameters for selected run 
ith limited codes are shown in Table l [4j, [51. [61. 


TABLE I 

CODE PARAMETERS 
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III. EXPERIMENTAL 

The operational performance of digital recording systems is 
directly related to the transition error rate (BER for MFM). For 
peak detection systems utilizing a phaso-lockod loop gener¬ 
ated timing window as in disc data systems, the transition error 
rate is dofined as the number of transitions in a data stream 
which occur outside of the system detection window per transi¬ 
tion. These errors are dependent on the signal to noise ratio, 
pattern induced peak shift, signal processing and detection 
window width. Therefore, in order to determine the system tran¬ 
sition error rate, a marginalized VFO (MVFO) which Is designed 
to count all flux transitions in a data stream occurring outride a 
preset but variable detection window was utilized. The results 
of this measurement for a system with the characteristics given 
in Table II are plotted as error rate versus detection window in 
Fig. 1. Tho MVFO plots were obtained using a worst case flux 
reversal pattern (110110—)foc four disc radii. The minimum 
detection window required to assure error rates to 10~®wos 
determined directly. Error rates less than 10-® can be obtained 
by extrapolation of the exponential portion of tho MVFO plots 
on semilog paper as shown. 



DETECTION WINDOW 
(T w nsec) 


Fig. 1 MVFO Curves of Errors per Bit vs. */j Detection Window at Four Radii 


TABLE II 

TEST SYSTEM CHARACTERISTICS 


P w 50 -112 nsec Bandwidth - 2.4 MHz to 8.2 MHz 

Vel.—1508 ips SNR =■ 23 dB Peak/rms 

@ 4 inch radius (after differentiation) 

The FCl content varies as a function of radii <6400 x 4/R). 
Since the MVFO plots are on an error/track basis, the window 
for a given error rate can be read directly from the MVFO plots 
and replotted versus their relative FCI. (Fig. 2.). The half 
window required as a function of FCI for error rates from 10f 6 to 
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are The W^FO plots used to form the error rote 

*es in F»g. 1 end Fig. 2 were obtained by averaging the 
vidua! MVFO plots from 15 head/surfaco combinations in a 
leal HDA module. Those plots were obtained on Inside 
:ks (R-4.000 Inches and 5.397 inches) and outside tracks 
■ 5.17 Inches and 6.566 inches) lor both ID and OD head 
s. The two hoad sets at the two radial positions provided iho 
r data points. 



FLUX CHANGES/INCH (10*) 


Fig. 2 Code Window end Error Window at a Function Linear Density 


Sigma Error Thaoretlcrl Erportmanta! 

_ Value _ Hat# _ T n Cnaec) _ Tn (nsec) 

5 61 10“ # 13.56 13.5 

6.36 10- 10 15.50 15.2 

7.03 10-’» 17.28 17.2 

The window required for an error rate at a given linear density 
can be considered to consist of two parts due to pattern 
induced peak shift. T p . and noise. Tn. Consequently, at a given 
error rato and linear density, the minimum detection window 
must meet the condition: 

•/’Twmin-ITpl+ITnl *3) 

Therefore, the peak shift can be obtained by subtracting T n 
from the minimum detection window in Fig. 2 as 

|Tp|- ’/jTwmin - [Tn| < 4 > 

The experimental p6ak shift (worst case pattern) may then be 
plotted as a function of linear density as shown in Fig. 3. Peak 
shift values from Fig. 3 compare within sc 1 nsec up to 7500 FC1 
with values calculated for linear superposition of Lorentzian 
pulses. 


IV. EXPERIMENTAL RESULTS AND DISCUSSION 

The behavior of the required detection window versus FCI 
jrves indicate that at low linear densities, the window is 
ssentiafly constant for each error rate. I.e.. independent of 
Cl. This constant window at each error rate can be attributed 
> the subsystem SNR (media, head, electronic noise, etc.). At 
igh linear densities, the window versus FCI at various error 
lies rapidly increases from the additional affects of pattern 
iduced peak shift (adjacent puiso interaction). An analysis of 
fie experimental detection window as a function of flux 
ransition density shows that the resultant curves may bo fit 
#ith a series of exponential functions. Over the limited range of 
ransition densities and error rates investigated, the 
ixperimontal data can be well approximated by an equation of 
he form: 

T w ~Aexp(M*FCix10-*) + b Cl) 
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At a given error rate. A. M, and b are constants. These cons¬ 
ents for the experimental system were found to be 0.158. 0.512 
md 15.2 respectively (error rate-10* t0 ) with a correlation 
coefficient of 0.99. Values of b can be obtained to fit the curves 
it each error rate (10** to 10* ,J ) and provide a means of 
extrapolating around the measured points. The value of A + b, 
which is a constant for each error rate, is equivalent to the 
extrapolation of the detection window to zero FCI. This value 
may be attributed to the system noise induced peak shift (Tn) 
which includes media noise, electronics noise. VFO jitter, etc., 
but obviously exludes pattern induced peakshift. The accuracy 
of the extrapolation to 2 ero FCI can be verified by utilizing the 
expression by Tamura. et.al.17] 

1 1 

T " * 2rF, * in "' sTFi 12) 


Fig. 3 - Peak Shift as a Function of Linear Density for the Experimental 
System 

The expression for the code half detection window value can 
be derived as 

V,Tw "" 2V (d +1) FCI (5) 

The code detection window curves are shown plotted on Fig. 2. 
The maximum linear transition densities defined by the inter¬ 
section of the code window curves at each error rate may then 
be converted to data bit density through the code parameters 
using the relation 

B ———W+llFCI (6) 


where T n is the noise induced peakshift. F s is the maximum 
signal frequency and S/N is the signal to noise ratio of the 
system (peak signal to RMS noise). Using this equation with the 
appropriate sigma value (Gaussian approximation), the 
theoretical and experimental values can be compared as 
shown in Table III. 


and plotted as shown in Fig. 4. 

The following comparisons are made assuming no change in 
system characteristics or detection scheme. Examination of 
Fig. 4 indicates the MFM code. (1.2.1), exhibits a limiting den¬ 
sity of 7450 Dpi; the (3.6,2) and (1.2,2) codes exhibit a limiting 
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Rato va. Linear Data Donsity for Selected Codes 


Based simply on the code efficiency, the (3.6.2)/(t,2.2) 
codes shoutd exhibit a 50% Increase in linear Density; end the 
(2,3.1) codo a 33% Increase in linear density relative to MFM 
However, it can be seen from tho experimental results that, 
although the (2.3,1) code does exhibit a 33% increase in den¬ 
sity as suggested by the efficiency; the (3,6.2)/(l,2.2) codes 
only increase the linear density by 22 to 26%. This may be 
attributed to the fact that the experimental system was noiso 
dominated, i.e.. T n > Tp at the maximum operating FCI; and 
therefore, relative window width has a more significant effect 
on maximum linear donsity than efficiency. 
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) bpi; end the (2.3.1) code exhibits a value of 
arror rate of 10- l0 . An increaso In linear density 
MFM of 337o is obtained with the (2,3,1) code 
» obtained with tho (3,6.2)/(1,2.2) codes. At error 
nd 10“ € . tho linear density improvements for the 
codes increase to 24% and 26%. The greater 
observed with the (3.6.2) code in Ref. [4) was 
iproved analog signal spectral shaping. 
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High pertornv&nce in magnetic media demand* much from 

conventional encoding method*, but each method ha* H* own 
dlaedvantage*; yet a tlmpla encoding technique tor mat* storage ha* 
a number of attractive characterise* distinctly Its own 






New Method for Magnetic Encoding 
Combines Advantages 
of Older Techniques 


Arvind M. Patel 

General Products Division 
IBM Corporation 
San Jose, California 


A unique method of magnetic recording combines two 
advantages not both found in previous methods—ab¬ 
sence of a dc component in the signal read from tape, 
and maintenance of a high recording efficiency on the 
tape itself. In addition, the method retains principal 
advantages of previous methods in that it is self-clock¬ 
ing for any pattern of recorded data and is not seri¬ 
ously affected by baseline or peak shift in the read- 
back signal. 

Called zero modulation or ZM, the method is used 
in the IBM 3850 Mass Storage System (see box at right). 
This machine reads and writes on a magnetic surface with 
a rotating read/write head. Rotation requires trans¬ 
former coupling, which cannot handle a dc component; 
therefore an encoding method that imposes neither a 
dc component nor the disadvantages of other techniques 
is required. ZM is a significant improvement over earlier 
encoding methods, some of which merely assigned transi. 
tions of magnetic polarity to bits in some more or 
less straightforward way and often achieved a new 
advantage at the expense of an old one. These 
methods included non-return-to-xero inverted (NRZI), 
phase encoding (PE), group-coded recording (GCR), 
frequency modulation (FM), and modified frequency 
modulation (MFM), sometimes called delay modula¬ 
tion. Zero modulation uses sophisticated coding of data 


to match idiosyncracies of the magnetic recording chan¬ 
nel with waveform properties of the recorded signal. 

Importance of efficiency and the absent dc com¬ 
ponent is brought out when ZM is compared with some 
earlier codes. NRZI, for example, is the simplest en- 


Honeycomb Storage 

The IBM 3850 is a mass storage system that serves 
as a virtual storage medium supporting magnetic disc 
flies, In much the same way as the discs serve as 
virtual storage supporting main memory. It consists 
of an array of data cartridges about 2 in. in diameter 
and 4 in. long with a capacity of 50 million characters 
each. Although the cartridge contains a length of 
magnetic tape, stored data are organized in cylinders 
analogous to those of a disc flle, and can be trans¬ 
ferred to the disc file a cylinder at a time—that is, 
without moving the disc read/write heads during the 
transfer. Up to 4720 cartridges are stored in hexagonal 
compartments in a honeycomb-like apparatus that in¬ 
cludes a mechanism for fetching cartridges from the 
compartments, reading or writing data on them, and 
replacing them. 
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Fig. 1 Conventional wave¬ 
forms. NRZI is the simplest 
waveform, but requires a 
wideband amplifier for pro¬ 
cessing, since it has a sub¬ 
stantial dc component. This 
and other difficulties are 
overcome with PE and FM 
encoding, at the cost of 
high transition density—up 
to two transitions per bit. 
Variations on FM reduce 
number of transitions, but 
reintroduce the dc com¬ 
ponent 


coding method, used on %-in. wide magnetic tape at 
data recording densities up to 800 bits/in. 1 Presence 
or absence of a transition in the NRZI magnetic wave¬ 
form corresponds to 1 or 0 respectively in the binary 
data stream (Fig. 1); successive magnetic transitions, 
which alternate in polarity, produce alternately posi¬ 
tive and negative electric pulses in the readback Sig¬ 
nal, nominally symmetric about a base line..Principal 
drawback of NRZI is that long strings of Os are re¬ 
corded as correspondingly long periods with no mag¬ 
netic transitions, and hence no pulses in the readback 
signal; the read clock can lose synchronization during 
those periods. Furthermore, wideband circuits with dc 
response are required for signal processing and data 
detection. 

NRZI is also subject to a more subtle difficulty: base¬ 
line and peak shift, alluded to previously. At high 
densities, the readback pulses produced by a string 
of consecutive Is tend to interfere with one another. 
When such a string of Is is preceded or followed by 
a string of consecutive Os, this interference is asym¬ 
metrical, causing the first or last few pulses to have 
larger amplitudes; thus the base line appears to drift. 
A similar shift can arise from a string of consecutive 
Os if the dc response of the electronic circuitry 
is slightly off specification. Interference also causes 
the pulses to seem to slide into the signal-free zone 
occupied by the Os, creating a displacement in time 
of the pulse peaks. This peak shift can be a significant 
fraction of the nominal time between bits. 

Phase encoding (PE) 2 was devised to alleviate these 
problems, and is used on ^-in. tapes recorded at 1600 
bits/in. In PE a 1 corresponds to an up-going transi¬ 
tion and a 0 to a down-going transition at the center 
of the bit cell. Where two or more Is or Os occur in 
succession, extra transitions are inserted at the bit-cell 
boundaries. Resulting waveform is eelf-clocking and 
has no dc component, since the waveform in each bit 


cell has up (positive) and down (negative) signal 
levels of equal duration. However, PE requires twice 
the transition density of the NRZI method for a random 
data pattern. Thus recording efficiency is poor. 

Frequency modulation has transitions at every bit¬ 
cell boundary. However, although FM is similar to PE 
in all ‘ waveform properties, the 1 and 0 correspond 
to a presence or absence, respectively, of any transition 
at the center of the corresponding bit cell, rather 
than to. an up or down transition. In the IBM 3330 disc 
file FM has been supplanted by MFM, or delay mod¬ 
ulation, which provides enough clocking transitions 
without doubling the transition density/* In MFM (as 
in FM I a 1 and a 0 correspond to the presence or 
absence, respectively, of a transition in the center of 
the corresponding bit cell. However, additional transi¬ 
tions at the cell boundaries occur only between bit 
cells that contain consecutive 0s. This method retains 
an adequate minimum rate of transitions for clock 
synchronization without exceeding the maximum transi¬ 
tion density of NRZI, but at the cost of a more com¬ 
plex data detection process. An additional disadvan¬ 
tage is the dc component, with indefinitely large ac¬ 
cumulated dc charge for some data patterns such as 
0110110110 .... 

Modified forms of NRZI include synchronized NRZI 
(S-NRZI), and group-coded recording (GCR) used to 
record magnetic tape at 6250 bits/in/ 4 In these methods, 
the data stream is precoded by adding bits to break 
up long strings of 0s. In S-NRZI, a 1 extends each 
8-bit group to nine bits and establishes a synchroniza¬ 
tion transition. In GCR, each 4-bit group is mapped 
into five bits using a fixed assignment that guarantees 
that the coded data stream never contains more than 
two consecutive 0s. Detection process for both methods 
is the same as for NRZI, but maximum transition 
density is necessarily higher, and the dc component 
can be quite prominent. 
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Advantages of ZM 

Zero modulation encoding produces waveforms that 
closely match characteristics of the magnetic record- 
ing channel. Among these characteristics (Table 1) 
are: 

Minimum energy at law frequencies —achieved be¬ 
cause the long-term dc component is 0, and maximum 
accumulated unbalance between positive and negative 
pulse durations of the waveform is small. This helps 
alleviate base-line shift of high density read signals. 
Harrow bandwidth —conserved by constraining pulse 
width and ratio of maximum to minimum pulse width. 
This helps reduce the problem of peak shift. Resulting 
read signal amplitude is relatively uniform—that is, it 
has a small dynamic range for any kind of data stream. 
Adequate transition rate —as a consequence of the con¬ 
straint on the maximum pulse width, a clock signal 
can be derived from the transition rate. 

High efficiency —ratio of highest transition density to 
bit density is close to 1. With NRZI and MFM the 
ratio is exactly 1, and with other codes it is fractional¬ 
ly higher, rising to 2 for PE and FM. 

Reliable Error Checking —as a consequence of these 
characteristics and various other constraints of the 
method, the code structure of ZM is such that error 
checking is easy and reliable. 

Zero Modulation Algorithm 

The ZM algorithm can be readily implemented by a 
practicing engineer with the information that follows. 
Theoretical details and proofs have been published 
elsewhere. 5 The ZM algorithm maps every data bit 
sequentially into two binary digits in such a way 
that any two consecutive Is are separated by at least 
one and at the most three Os. This sequence is recorded 
in NRZI. Consequently, the narrowest pulse in the ZM 


waveform spans two digits in the coded sequence, and 
this is the width of the data-bit cell. Similarly the wid¬ 
est pulse spans four digits, which is twice the narrow¬ 
est pulse width. The resulting waveform is similar 
to that of MFM. 

This limited range of pulse widths corresponds to 
a narrow bandwidth for the waveform, and the narrow 
bandwidth has obvious electronic advantages. Short 
“pieces" of the waveform of one polarity are always 
balanced very soon by equally short pieces of the wave¬ 
form with the opposite sign. Two such sections taken 
together make up a section with a zero dc component, 
and the waveform made up of such balanced sections 
contains minimal energy at low frequencies. 

A quick way to estimate the amount of dc in a 
train of rectangular pulses representing data encoded 
in ZM or any other code is to count positive- and 
negative-going excursions, giving a value of *1 to the 
narrowest pulses, ±2 to pulses twice as wide, and 
so on. This corresponds to integrating the waveform 
mathematically, or collecting charge on a capacitor 
fed by a current with the given waveform. If the total 
strays far from 0, the dc component is present. Under 
the zero modulation algorithm, the total changes sign 
frequently and never exceeds ^3, corresponding to the 
limit of three Os between any pair of Is. 

Two-for-one mapping is a nonlinear function of the 
preceding and following data sequences and requires 
an encoder with memory. In a practical implementa¬ 
tion, amount of memory can be limited as desired by 
adding a small amount of redundancy. In its functional 
form, however, the ZM algorithm, m general, requires 
unlimited memory. 

The algorithm can be described in terms of a data 
bit to be encoded, one preceding and one following 
data bit, and the two coded digits corresponding to 
the preceding data bit; and in terms of two parity 
functions that look ahead and back relative to the 
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bit being encoded. Look ahead parity, P(A), is the 
count modulo 2 of Is in the data stream beginning 
with the data bit being encoded and counting forward 
to the next 0 bit; look-back parity, P(B), is the count 
modulo 2 of all Os in the data stream from its be¬ 
ginning up to the present bit. For example, in the 
data sequence 01011110, P(A) = 1 at the second, 
fifth, and seventh bits from the left, P(A) *= 0 at 
all 0 bits and all the other 1 bits; while P(B) = 1 
at the first, second, and eighth bits and 0 elsewhere. 

These rules can be translated into encoding and 
decoding functions expressed either in the form of 
tables or as equations (Table 2). In both, the symbol 
d represents a data bit; a and b, coded digits; and 
subscripts — 1, 0, and +1, preceding, current, and 
following bits, respectively. For convenience, the non¬ 
existent bit preceding the first data bit is assumed to 
be 1 and its look-back parity is 0; the nonexistent bit 
following the last bit is 0. 

The example (Fig. 2) illustrates the relationships 
among the various parameters of the data sequence 
and the corresponding ZM waveforms. 

Although the ZM waveform looks similar to the 
MFM, or delay modulation, waveform, the important 
difference is that the MFM waveform contains a dc 
component, and the accumulated charge often increases 
indefinitely, whereas the maximum accumulated charge 
in the ZM waveform is ±3 units. 


ZM Algorithm With Limited Memory 

Look-back parity is accumulated from the number of 
0s simply by updating a 1-bit storage cell as data 
bits are encoded. However, look-ahead parity depends 
on the length of a string of Is in the following data 
sequence. Since the algorithm imposes no limit on the 
length of this string, memory requirement for com¬ 
putation of P(A), in general, is unlimited. However, 
a variant of the basic ZM algorithm limits the mem¬ 
ory requirement to any specified number of bits. 

When accumulated look-back parity P(B) = 0, en¬ 
coding functions become independent of the look ahead 
sequence: 

*• = dod-i + d-ii-ib-i *1 ^ ^ 

b. = i }if P(B) = 0 . 

To force P(B) to 0, a digit, P, can be inserted in a 
continuous data stream at fixed intervals of f bits. 
This insertion implies that look-ahead parity, P(A), of the 
sequence of Is at the end and beginning of any sec¬ 
tion of i -f 1 bits has no effect on ZM mapping in the 
modified data sequence. In Fig. 3, some values of P(A) 
are denoted by <f> indicating a “don’t care” value when 
P(B) = 0. The only sequences of Is affecting the 
mapping, then, are those between two 0s in the same 
section of f + 1 digits. The longest such sequence is 
f — 1 digits long. Thus, the memory required to com¬ 
pute P(A) is f — 1 bits. 

Thus, to limit the amount of memory, the ZM al¬ 
gorithm is given two important modifications: First, 
an extra P-bit with the value of P(B) at position 
f is inserted at the end of every section of f data 


Doto 010011 1101011 II 11011100110 

f (A) 01000 1010100 10101010100010 

*B) 110111 1100111 1 111000010001 
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♦3 

Okx9» 0 
-3 

Fig. 2 Basic zero modulation. Substituting two en¬ 
coded bits for each data bit on the basis of infor¬ 
mation in preceding and following bits, and record¬ 
ing the encoded bits in NAZI form, eliminates the 
dc component without other waveforms* disadvan¬ 
tages. However, aince it places no constraints on 
the data pattern, it can require an infinitely large 
memory for implementation 
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hits. Second, of Pi AI zt any data bit ex- 

lendt only lo the following f — 1 data bits, a» & 
binary logic function of the data stored in f bits of 
memory: 

P(A) « 4 i»di -f d»dLd* + <bd«d«di + • . . 

4 <LAd« • • • di-idiji 4* didfd* • • • di^duc 

where t ■» f if f is even and t*=f — liffis odd. 
Look-back parity i* merely a count of Os as in the case 
for unlimited memory. 

Encoding process is ^delayed by f bit periods in a 
continuous stream of data, while the memory is loaded 
for computing P(A), but the decoding process is de¬ 
layed by only one bit period. Thus decoding errors 
in ZM do not propagate. 

In the diagram, a value of f ■= 8 is assumed for 
illustrative purposes; but in fact, the value of f has 
no theoretical limits. As described later, a shift regis¬ 
ter delays each bit while look-ahead parity is gen¬ 
erated. Small values of f require short shift registers 
and encode data quickly; however they add a larger 
proportion of redundancy in the form of the extra 
P-bit than do large values. Nevertheless, they may 
he convenient in some applications. For efficient utiliza¬ 
tion of the magnetic recording medium, large values 
of f—eg, 100 or more—are mandated. Although they 
impose substantial encoding delays, these are still negli¬ 
gible compared to the access time of a mass storage 
system, which is measured in seconds. Large values of 
f do not necessarily imply complex encoding logic; 
the look-ahead parity generator merely counts the bits 
as they pass, and a monolithic shift register is relatively 
inexpensive. 
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Fig. 3 Practical zero modulation. Adding an extra bit 
to the data stream at regular intervals in accordance 
with a prescribed pattern permits the two-for-one sub¬ 
stitution of ZM to be made with a memory of realizable 
capacity. In the waveform, dc component It still 0, 
transition density is low, yet added redundancy it minor 


Synchronization Signal 

When reading, a ZM waveform is decoded into a data 
sequence with the help of a clock, which is usually 
derived from the waveform. A synchronizing signal of 
sufficient length and recognizable ending is useful in 
marking the beginning of data. A similar resynchroniz¬ 
ing signal may also be inserted at predetermined in¬ 
tervals in the waveform, such as at ZM memory bound¬ 
aries, for protection in case of temporary loss of 
synchronization in magnetic defects. 

Several characteristics are required of the synchroni¬ 
zation signal: 

(1) It must be distinctive enough not to be confused 
with the normal data waveform in its original or 
shifted position. 

(2) It must satisfy the ZM constraints of maximum 
and minimum pulse widths. 

(3) It must have no net dc component over its length, 
although unlike the encoded data, the integrated total 
may exceed three units within itself. The accumula¬ 
tion may be four, five, or six units (or even more if 
the synchronization signal is short and infrequent). 

(4) Basic synchronization signal should he reasonably 
short and the endings compatible with the ZM algo¬ 
rithm for insertion at the memory boundary without 
modification. 

These specifications could be easily satisfied if some 
binary sequence were known to be inadmissible as data. 
However, no such sequence is possible for serial data. 
Alternatively, a synchronizing signal can be chosen from 
inadmissible sequences in ZM-coded patterns. These se¬ 
quences must satisfy the ZM pulse-width constraint but 
may exceed the maximum charge constraint. 

Among the sequences that satisfy the ZM run-length 
constraints, 00101000 1 0100 0, either for¬ 
ward or backward, is the shortest that does not occur 
in any ZM pattern. Any pattern containing one of these 
sequences can be used as a aynchronizing pattern. 
Two examples are: 

W, = 010001 00101 00 0 1 0 1 00010 0 01 010 01 

W, = 0 10001010001 oiooo'i 

The second of these does not satisfy specification 3. 
Both examples begin and end with 01, and can be 
padded by any number of 01 digit pairs if desired 
for clocking. These endings also allow the synchroniza¬ 
tion signal to be placed at the ZM memory boundary 
without modification. 

In actual application, the synchronization pattern 
is placed at predetermined intervals at ZM memory 
boundaries. In case of synchronization loss, the clock 
is regenerated by the read waveform as soon as the 
defect or other cause has passed. With the clock run¬ 
ning, the signal detector can produce the binary ZM 
pattern, but the pattern cannot be decoded until the 
synchronization. pattern re-establishes the ZM pair re¬ 
lation with respect to the clock. If the clock is found 
to be out of synchronization, k, one ZM digit out of 
step with the read signal, iu complement may be used 
for decoding. 
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Fig. 4 ZM encoder. Principal feature is a shift register from which data bits are fed to encoding 
logic, which is straightforward Implementation of equations in text 


Error Check in ZM Patterns 

Patterns of digits generated by the ZM algorithm 
satisfy various constraints, including parity in the case 
of ZM with limited memory. These constraints pro¬ 
vide a powerful check capability for bit-detection errors 
and synchronization errors at the receiver. 

Because error-free ZM patterns possess run lengths 
of one, two, or three Os between two Is, two consecu¬ 
tive Is indicate a pick-up, or a 0 incorrectly read as 
1, while four or more consecutive Os signal a drop-out 
error. Acquisition of excessive dc charge can be de¬ 
tected with an up-down counter that increments for 
every code bit position recorded with a positive level, 
decrements likewise when the level is negative, and 
signals an error if the total exceeds ±3 at any time. 
An alternative method of implementing this check 
has been worked out. 6 Finally, value of P(B) and 
charge value must both be 0 at the memory boundary— 
a simple but effective check .on both synchronization 
and random errors. These two checks at the memory 
boundary are equivalent in the sense that neither de¬ 
tects any error missed by the other as long as the 
checking circuits arc working properly. Error check¬ 
ing of ZM patterns at the receiver, an additional bene¬ 
fit derived from the stringent ZM constraints, need 
be implemented only to enhance reliability even further. 


Implementation of ZM 
Algorithm 

In a ZM encoder (Fig. 4), the first step is to modify 
the binary data sequence by inserting the P-bit at 
fixed intervals of f bits. The P-bit is the value of 
P(B) at count f, computed by a simple latch triggered 
by each 0 in the data stream. At count f -f 1, the 
P-bit is inserted in the data stream, and the P(B)- 
latch and counter are reset to 0. The modified data 
stream passes through a shift register f bits long, which 
stores the previous and current data bits and the fol¬ 
lowing f — 2 data bits. From these stored bits the 
look-ahead parity function P(A) is generated in ac¬ 
cordance with the binary logic function given previous¬ 
ly. From these values of P(A) and P(B), the current 
and next previous hits, and the just-computed ZM bits, 
the ZM code sequence is generated. Two feedback 
latches store each pair of bits of the ZM pattern as 
they are computed, for use in the next bit cycle. These 
latches are updated continually as the data bits are 
sequentially encoded into ZM patterns. 

Initially, look-hack parity is set to 0 and feedback 
latches are set to 01. Encoding starts after a delay of 
f — 1 clock periods during which the first data bits are 
shifted into the storage register. This puts d*, >in the 
next to last cell of the shift register, from which it 
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Fig. 5 ZM decoder. Data bits are defined in terms of pairs of code bits, taking into account 
preceding and following pair along with current pair. Hence the key element is a 6-bit shift 
register that shifts two bits at a time and feeds code information to decoding logic 


is encoded into the first pair of code bits. The “pre¬ 
vious” bit, assumed to be 1 and initialized accordingly, 
either has been inserted in the shift register just ahead 
of the first real data bit or can be gated to the ZM 
encoder during the first encoding cycle. Alternatively 
it can be initialized simply by placing all Is in the 
shift register. This sequential encoding process is con¬ 
tinued for the ZM coded sequence which is converted 
into a conventional NRZI waveform. ZM synchronization 
pattern, if necessary, may be inserted in the coded pat¬ 
tern at selected (f *f 1) -bit boundaries. 

ZM decoder (Fig. 5) converts the received wave¬ 
form into a ZM pattern by means of conventional 
NRZI clocking and detection circuits. This ZM pattern 
passes sequentially through a 6-bit storage register 
which stores three pairs of pattern bits. As in encoding, 
for the first pair of bits, the “preceding” pair i9 set 
to 01. Decoding starts after the second pair arrives in the 
storage register. The decoder generates each data bit 
as a function of the preceding, current, and following 
bit pairs, as described previously. 

Coded sequence received at the decoder satisfies all 
ZM constraints, and every (f 4* l)st bit in the de¬ 
coded data stream is the correct P-bit. Any departure 
from the constraints or an incorrect P-bit clearly in¬ 
dicates an error. Some or all of these checks can easily 
be implemented for error checking. 
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This review of the basic theory of polynomial error detecting codes 
is expanded into a real-world application involving remote terminals 



Increasing interest in computer stations and terminals 
located some distance from a large central computerhas 
stimulated a great demand for data link and communi¬ 
cation facilities. Inherent in any data link are the asso¬ 
ciated phenomena such as electrical noise and signal 
degradation that introduce errors into data transmitted 
over long distances. Consequently most data communi¬ 
cation facilities include error detection capabilities which 
may allow limited error correction on a character basis 
and which may enable retransmission of complete mes¬ 
sages or data blocks. One method of detecting errors 
within a data block is to send check bits after the data 
block as well as a simple parity bit with each character. 
However, large data blocks may accumulate indepen¬ 
dent errors which are mutually compensating and may 
not be encoded in the check bits. Polynomial codes have 
been used to resolve this problem by providing burst 
error detection as well as all single- and double-bit error 
detection. 

This article describes specific hardware designed and 
developed for physical implementation of polynomial 
check code generation and detection. Hardware is im¬ 
plemented as an I/O device attached to a small com¬ 
puter for use in a remote job entry terminal being de¬ 
veloped. The polynomial code generator detector w as de- 
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signed-as a generalized logic block to be used with most 
small general-purpose computers and to require mini¬ 
mal interface logic design. 

Basic Theory 

Representation of Binary Information 

Consider a message of k hits to be transmitted serial!) 
over a data link, and with n — k bits to be appended as 
check bits unique to the message being transmitted. The 
binary digit positions of a message can be considered 
as the coefficients of a polynomial of arbitrary variable x. 
Each coefficient is restricted to one of two values f ie. 
0, 1). If the message consists of k bits, it is convenient 
to consider the first bit transmitted as the most sig¬ 
nificant coefficient of the polynomial ( ie, the Ath bit cor¬ 
responds to the coefficient b k .i). For example, consider 
the 6-bit message 101101 written least significant bit to 
most significant bit from left to right. This message 
represented by the general polynomial f (x) = b 0 -f bjX ~ 
b-x 2 4 b :j x 3 4- b^x 4 4 b-,x\ where the coefficients b<>. b,. 

b 3 , b^, b-, are 1, 0, 1, 1, 0, 1, respectively. Extending 
this representation, note that any arbitrary binary mes¬ 
sage of k bits can be represented by a polynomial of the 
form 

k-1 1 

fix) = b.. - b.x 1 ... 4 b k -,x k - 2 + b k -,x k -’ = ^ b.x ! 

i=l 

Arithmetic operations may be performed on the pol\• 
nomials according to the law's of ordinary algebra. How- 

* Work performed under the auspices o{ the U. 5. Atom:" Enerpy 
Commission. 
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r, attention here is restricted to binary codes in \*hich 
vnoinial coefficients are elements from tne sct (0, 1). 
ias been shown 1 that polynomial codes satisfying error- 

ecling and correcting properties can be described by 
special algebraic system which essentially requires 
t arithmetic operations on polynomials whose coeffi- 
nts are elements of a field containing q elements be 
rforraed modulo q. For binary polynomials this re- 
ires addition and subtraction to be carried out 
>dulo 2 (ie, the exclusive OR function). 

sfimfions 

veral pertinent definitions and properties of poly- 
imial operations are: (1) The degree of a polynomial 
the greatest power of x in which the coefficient is 
micro. For example, n binary digits is represented by 
i n — 1 degree polynomial. (2) The degree of the poly- 
jmial resulting from the product of two polynomials is 
it sum of their degrees. (3) If R(x), S(x), and T(x) 
re polynomials such that T(x) = R(x)S(x),then T(x) 

■ said to be divisible by R(x), or R(x) divides T(x). 
i(x) and S(x) are also termed factors of T(x). 

With these concepts in mind, the division of poly- 
omials can be defined according to the Euclidean di- 
ision algorithm. Given any two polynomials H(x) and 
*(x), there is a unique pair of polynomials Q(x), R(x) 
uch that H(x) =Q(x)P(x) + R(x), where Q(x) is 
ermed the quotient and R(x) the remainder. Q(x) and 
Ft(x) can be obtained from the division H(x)/P(x) 
jnder the corresponding algebraic system. The degree 
of R(x) is less than the degree of H(x) and P(x). R(x) 
may be interpreted as the remains after H(x) has been 
evenly divided by P(x) ; and since division is essentially 
a subtraction operation, R(x) is the remainder after 
P(x) has been subtracted from H(x) an integral num¬ 
ber of times. The special case when R(x) = 0 is pre¬ 
cisely the case when H(x) is divisible by P(x), as de¬ 
fined previously. 

Data Encoding 

The polynomial division process provides some insight 
into the encoding of k bits of information for transmis¬ 
sion. If H(x) represents the message and P(x) defines a 
polynomial the previously defined division will pro¬ 
duce a remainder, R(x), which is unique to a small 
subset of messages including H(x) . P(x) is called a gen¬ 
erator polynomial since its function is that of generat¬ 
ing unique check bits R(x), given any message H(x). 
If errors occurred during transmission, they can be de¬ 
tected by dividing the received message bits by P(x) 
and comparing that remainder with the received check 
bits. If the comparison results in an equality condition, 
the assumption is that both the message, H(x), and the 
check, R(x), were transmitted correctly. 

Mathematically, H(x) =Q(x)P(x) +R(x), where 
H(x) is a k — 1 degree polynomial representation of k 
message bits; P(x) is a generator polynomial of de¬ 
gree m 1 where m — 1 < k —• 1. H(x) — R(x) = 
Q(x)P(x), since addition and subtraction are de¬ 
fined modulo 2, ie, H(x) - R(x) = H(x) + R(x) = 
Q(x)P(x). _ . 

The addition of R(x) modulo 2 essentially modifies 
the message H(x) in the last m — 1 bits, since.R(x), by 


finilion, is of c*. c . -tr r.. * v.\ 

bits;. Phyr-iral'h it is mere convenient to send R^x) as 
the !aM m — 1 bits of the encoded message. This is easily 
accomplished by considering Hix) to be k *4- (m — 1) 
bits in length with m — 1 low order 0 coefficients. Multi¬ 
plication by x“~ J performs the transformation. 

• x—’Hfx) + R(x) = F(x) 

where F(xj is termed the code polynomial and repre¬ 
sents the encoded message of k -f (m — 1) bits to be 
transmitted. Example: Encode the message 1010010001, 
corresponding to the polynomial H(x) = H x 2 + x 5 + 
x n , using the generator P(x) = 1 + x 7 + x 4 «f x\ Mul¬ 
tiplying H(x) by x 5 and dividing by P(x) results in: 

x B H(x) = 00000 1010010001 

R (x) = 11000 _ 

F(x) = 11000 1010010001 

% check message 

bits bits 

The encoded message, F(x), consists of ten higher-order 
message bits, H(x), and five lower-order check bits, 
R(x). 

The encoded message received after transmission over 
a data link can be represented by B(x) = F(x) + E(x), 
where F(x) is the correct message and E(x) is the error 
message. Since arithmetic has been defined modulo 2, 
E(x) will contain nonzero coefficients in each erroneous 
bit position. If B(x) is not divisible by P(x), an error 
has occurred. If the resulting division generates no re¬ 
mainder, B(x) is accepted as the true encoded message. 
It is possible, however, that enough errors in appropriate 
bit positions have been generated so that E(x) is divis¬ 
ible by P(x) and B(x) will be decoded as the true 
message. To ensure effective error detection, the generator, 
P(x), must be chosen such that no error pattern, E(x), 
is divisible by P(x). It can be shown that P(x) must 
have certain properties to enable this error detecting 
scheme to function. It can also be shown that the ability 
of a specific code to detect the erroneous data is related 
to its error correction capabilities. 

A more rigorous mathematical treatment of error cor¬ 
recting codes and their properties is given in Ref. 1. A 
few basic results are given without proof to illustrate 
typical properties of generator polynomials: (1) A code 
generated by any polynomial P(x) with more than one 
term detects all single errors (ie, an error in exactly 
one position). (2) Any polynomial of the form l+x c 
(c an integer) will detect any odd number of errors (ie, 
typical odd or even parity error detecting). (3) A poly¬ 
nomial P(x) of length n detects all single and double 
errors if n < e, where e is the least integer such that 
P(x) divides x e — 1 (= x e + 1 ^ 042 )- (4) A polynomial 
P(x) of length n detects any burst-error of length n or 
less. A burst-error of length n is defined as the number 
of errors occurring between the first and last errors, in¬ 
clusive. . 

Physical Realization 

The theory of how to encode and decode messages foi 
error detection has been shown, but the important op¬ 
eration to accomplish this is the division, under addi¬ 
tion modulo 2, of messages by a fixed polynomial, P(x). 
Consider a long-hand calculation of the division of 1 + 
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Fig. 1 Manual calculation 
of 1 + x 3 4-x s 4- x* 1 ' divided 
by 1 + x* 4 x* 4- x* 


x r» -f x » -p x 10 by 1 4- x 3 4* x’ 4- x ,; . Since addition mod- 
ulo 2 is simply an Exclusive OR function, drop the vari¬ 
able x and manipulate the binary coefficients of the poly¬ 
nomials (see Fig. 1). The quotient is Q(x) = x 4 4- x 3 4- x 
and the remainder is R(x) = x 5 4- x* 4- 1. 

Referring to the manual division example (Fig. 1). 
the division algorithm is: (1) Align high-order coeffi¬ 
cients of P(x) and the partial remainder. The first iter¬ 
ation aligns the divisor P(x) with the dividend. (The 
dotted underline references the partial remainder for 
each step). (2) Subtract (modulo 2) P(x) from the 
partial remainder. (3) Go back to step (1) if the de¬ 
gree of the partial remainder is greater than or equal to 
the degree of divisor P(x) ; otherwise the partial remain¬ 
der is the remainder R lx). Notice that in step (3j the 
alignment of high-order coefficients required the partial 
remainder to be shifted left by one bit and the entry of 
the next two dividend bits into the low-order position. In 
general, at each step the next dividend bit is ‘‘brought 
down” or shifted into the low position of the partial re¬ 
mainder until the most significant bit is 1. This be¬ 
comes clearer if the addition is thought of as being per¬ 
formed in a 6-bit register in which the most significant 
bit of the generator and partial remainder are ignored. 
These bits will always result in 14-1=0. 

Consider a 6-bit register and step (2) of the pre¬ 
vious division, with reference to Fig. 2(A). Shifting the 
partial remainder left by one bit will align the higher- 
order coefficients as shown in Fig. 2(B). Since the sub¬ 
traction is performed after the coefficients are aligned, 
the most significant bit shifted out of the register is used 
to enable the subtract logic: the result after subtraction 
is shown in Fig. 2(C). Each step max be implemented 
in a similar manner, except that the division is termi¬ 
nated after all data bits have been shifted into the 
register. 

The hardware required to implement this algorithm 
(ie, shift and subtract modulo 2} is simply a feedback 
shift register with Exclusive OR gating. Subtraction and 
addition modulo 2 is implemented by the Exclusive OR 
function. The number of shift register bit positions is 
equal to the degree of the divisor P(x). The shift reg¬ 
ister shown in f ig. 3(A) is oriented with the low. to 
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Fig. 4 Functional block diagram 


high-order position from left to right. The most sig¬ 
nificant data bit enters the left most shift register bit 
position. A delay of 6-bit-shift times is associated with 
this shift register since six extra 0’s must be shifted in 
after the data bits to complete the encoding process. 
This delay can be avoided by treating the data as if it 
were shifted out of the high-order end. The register can 
be easil} modified for this more efficient scheme 2 as 
shown in Fig. 3(B). Since encoding and decoding of 
messages are precisely equivalent, this circuit can be 
used for both functions. This and the simple logic im¬ 
plementation are the attractive features of polynomial 
error detection. Error correction implementation is much 
more complex. 3 


Hardware Description 
Design Philosophy 

The initial design objective was to develop polynomial 
code generation electronic logic that could easily inter¬ 
face with a small 8-, 12-, or 16-bit computer. The spe¬ 
cific application was to implement an I/O device for 
error detection at remote job entry stations and at com¬ 
munications concentrator stations. Both of these stations 
were to be provided with a small general-purpose com¬ 
puter to be used as a data communications controller. 
To allow for expansion and upgrading of the remote 
terminal system, the polynomial code device design ob¬ 
jectives were incorporated with enough flexibility to al¬ 
low’ interfacing to most commercial minicomputers. 

Using the black box concept, the polynomial code 
generator accepts 8-bit data bytes and produces two 8- 
bit check bytes. These two check bytes may be read 
from the black box and subsequently loaded into a com¬ 
puter. Conversely, two check bytes can be loaded into 
the black box from the computer I/O bus, allowing pre¬ 
vious data-error-code generation/detection to continue 
from a previously interrupted state. (See Fig. 4.) This 
facility is very convenient for time-multiplexing error- 
code generation/detection between several communica¬ 
tion lines and eliminates unnecessary replication of error- 
detection hardware at a data concentration station. 


Thw 8-L‘ii b\te was chosen as the basic data structure 
because most character code sets used in data communi¬ 
cation are easily specified with 8-level coding. It also 
appears that most small and medium size computer 
have integral-number byte word sizes. In essence, there 
appears to be an evolving byte-oriented standardization 
of most large computer systems using communication far 
cilities. 

Operating Characteristics 

A more detailed block diagram of the polynomial code 
device is shown in Fig. 5. The device consists of an 8- 
bit buffer register (through which all data bytes pass 
for encoding), a 16-bit polynomial register w r ith asso¬ 
ciated feedback gating for a specific generator poly¬ 
nomial, and the control logic. 

The polynomial code device performs four functions 
as specified by the four command bits. These bits, strobed 
into the control logic by a pulse from the computer, are: 

The left byte of the polynomial reg¬ 
ister is loaded with data from the 
I/O bus. The LOAD and EOR/LEFT 
bits are high for this command, and 
the device is set for EOR mode. 

The right byte of the polynomial 
register-is loaded with data from the 
I/O bus. The LOAD and CRC16/ 
RIGHT bits are high for this com¬ 
mand, and the device is set to CRC16 
mode. 

This command overrides all other 
command bits and clears the buffer 
and polynomial registers to all 0’s. 
The RESET bit is high for this com¬ 
mand. 

The buffer register is loaded with a 
data byte from the I/O bus. The data 
byte is then encoded with polynomial 
register contents as specified by EOR 
and CRC16 bits. 

EOR = High Exclusive OR of 

, data byte with 

right byte of 
polynomial regis¬ 
ter. 

CRC16 = High Generate polyno¬ 

mial check code 
of data byte and 
polynomial regis¬ 
ter contents. 

If both EOR/LEFT and CRC16/R1GHT bits are low, the 
encoding mode is determined by the last mode command 
given. 

The polynomial register contents may be strobed onto 
the I/O bus by providing the gating appropriate to the 
desired computer. A separate I/O signal must be used 
for this function since no command bits have been as¬ 
signed for this purpose. This provides more flexibility in 
interfacing the polynomial code device to computers with 
different word sizes. 

> 


LOAD LEFT ‘ 


LOAD RIGHT 


RESET 


GO 
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Polynomial code device block diagram 


Fig. 6 Timing diagram 


ice and Time Constraints 

1/0 timing constraints are shown in Fig. 6. 
and bits must be stable at the leading edge 
e I/O pulse. Encoding of a data byte is initi- 
e trailing edge of the I/O pulse and requires 
completion. A minimum I/O pulsewidth of 
lits the device to a 1.8-gs repetition rate, which 
in the required I/O instruction execution time 
imall computers. Consequently, this assures the 
of a data byte in one I/O instruction time, 
time consuming I/O device skip loop program¬ 
me contents of the polynomial register may be 
onto the I/O bus I /as after the trailing edge of 
pulse. 

jfer Implementation 

lynomial code device has been interfaced and 
th a Digital Equipment Corp PDP-8/L computer 
unctions in a remote terminal environment and 
ntrol several remote devices and a data communi- 
ine. Briefly, the computer’s characteristics are 
ord, 1.6-fis memory cycle, and one programmable 
(ie, the AC register I. The instruction set is very 
and contains one I/O instruction lie, the IOT 
;on). All programmed I/O data must pass through 
which provides 12 buffered data output lines 
lata input lines. The IOT instruction format con- 
3-bit operation code, a 6-bit device address, and 
operation specification as shown in Fig. 7. 
execution of the IOT instruction places 6-bit 
iddress on the device address lines monitored by 
0 de\ice. When a device recognizes its assigned 
iddress, it gates the last three bits of the IOT 
ion into the device control logic. Each operation 
ifies an action associated with the device. The 
Deration bits correspond to three control pulses 
>ccur in sequence and may be combined in the 
itruction to affect one, two, or three sequential 
perations. 

all I/O data must pass through the AC, the con- 
! data bits must he loaded into the AC prior to 


DEVICE ADDRESS 


OPERATION OPERATION 

CODE (I/O PULSES) 

Fig. 7 IOT instruction format 



I/O RUS GATINC- 


Fig. 8 PDP-8/L interface to device 


an IOT instruction. The general interfacing of the poly¬ 
nomial code device to the computer is shown in Fig. 8. 

Notice that only either the right or left byte from the 
polynomial register can be read at one time since the 




Instructions 

CLA 

TAD K14** 
TAD RIGHT 
IOT 1 

TAD K24 <p<p 
TAD LEFT 
IOT 1 

TAD DATA 
IOT 5 

DCA RIGHT 
IOT 2 
DCA LEFT 


PDP-8/L Data Encode Program 

Commen t 
Clear AC 

Get old right check byte 

Load right byte of polynomial register 

Get old left check byte 

Load left byte of polynomial register. Sets device to CRC16 
Get data byte 

Generate check bytes, clear AC, load AC with new right 
check byte 

Deposit new right check byte, clear AC 
Load AC with new left check byte 
Deposit new left check byte, clear AC 


ENTER 



t 

EXIT 


Fig. 9 Device data encode flowchart 


data to the AC is only 12 bits wide. This is accomplished 
by assigning I/O pulses 2 and 4 to read left and right, 
respectively. For a computer with a 16-bit I/O data bus. 
only one control pulse would be needed to ~*ad both 
bytes of the polynomial register. 

Software Considerations 

Device Programming 

The polynomial code device is easily programmed on any 
general-purpose minicomputer. A flowchart for generat¬ 


ing check b\tes given one dfata byte is shown in Fig. 9. 
The corresponding program can be implemented with 
six to ten instructions on most small computers. Notice 
that no decision branches are required and that no device 
flag test loop is required per data byte. This results from 
the assurance that data byte encoding is completed within 
one instruction time. The dotted line branches in Fig. 9 
are included to illustrate the additional flowcharting re¬ 
quired to generate check bytes for a block of data bytes. 
A corresponding error detection program can similarly 
be implemented with this flowchart with the additional 
test-for-zero instructions on the check bytes as the last 
step. A specific programming example for a 1-byte en¬ 
code operation is shown in the table. The execution time 
on a PDP-8/L computer is 39.4 gs/data byte and in¬ 
cludes seven memory references. 

Hardware vs Software 

The justification of the effort and expense of developing 
special-purpose hardware for a computer system is in¬ 
herently influenced by the equivalent software required 
to perform the same task. Hardware/software tradeoffs 
consequently become central to the decision between 
hardware and software implementation. In remote com¬ 
puting applications where a small computer is used to 
control such items as peripherals, format communica¬ 
tions data, and translate code sets, gross amounts of 
time can be consumed in communication line error¬ 
checking routines. This effectively lowers the data trans¬ 
mission rate which the computer can maintain while 
satisfy ing its other commitments. Cost and performance 
criteria ma\ force the designer to accept lower communi¬ 
cation line bandwidth and/or slowe: remote peripheral 
devices. This in turn enhances the I/O throughout limi¬ 
tations of the central computer facilities, particularly for 
a large number of remote stations. 
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Fig. 10 Programmed data encode flowchart 
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Software implementation of polynomial code genera¬ 
tion and detection is possible on any machine with shift 
and basic logical instructions. The algorithm consists of 
three basic operations: (1) shift data byte and re¬ 
mainder, (2) compare most significant bits, and (3) 
Exclusive OR remainder and generator polynomial (de¬ 
pendent on compare test). 

A flowchart for encoding one data byte is shown in 
Fig. 10. Notice that eight iterations of the shift loop are 
required for ever) data byte. Worst-case data encoding 
requires eight iterations with an Exclusive OR for each 
iteration. A typical 16-bit computer with an Exclusive 
OR instruction and two or more programmable registers 
would require <°>0 to 120 instruction executions per data 
byte. Assuming a'polynomial code I/O device connected 
to the same computer could be programmed with six to 
eight instructions, a performance increase factor of 10 
to 20 is obtained. 

The performance increase factor for a PDP-8/L is 
much higher, due to its 12-bit word size. For an integral 
number of byte generator polynomials, an integral 
number of 12-bit memory locations must be used for 
check-byte storage. In this case, only 8 of the 12 bits are 
used since packing and unpacking 8-bit bytes is time 


consuming on a PDP-8/L, which probabl) reprerent? 
the worst-case programming effort for implementation 
of polynomial code generation. A PDP-C/L program 
that I wrote requires 432 instruction executions and 1.1- 
ms execution time per data byte in the worst case. As¬ 
suming 20/r of the total computer time is allotted foi 
error checking, about 5 ms/data byte of computing 
would be required. In this case, the PDP-8/L could sup¬ 
port a 200-baud communication line, which hardly satis¬ 
fies remote job entry requirements. Using the PDP-8/L 
execution times with and without the polynomial code 
device, a performance increase ratio is obtained of 
* 1.1 ms/39.4 /is = 28. The larger factor for the PDP-8/L 
results from the lack of an Exclusive-OR instruction. The 
equivalent of an Exclusive OR requires 10 PDP-8 L 
instructions and 80 extra instructions per data byte in 
the worst case. 

The polynomial code generator/detector described 
earlier has been built. The required logic was assembled 
on three 2*4 x 5", 36-pin PC cards; 32 TTL IC pack¬ 
ages were used. The PC cards were compatible with DEC 
M-series logic cards and could conveniently be placed 
within a PDP-8/L extended memory cabinet. In addition, 
two unique logic cards were required to satisfy PDP-8/L 
I/O bus conventions (ie, -device selection card and an 
open collector bus driver card). 

Conclusion 

The attempt has been made here to provide the reader 
with an understanding of polynomial error code genera¬ 
tion and detection with minimal mathematical rigor. 
Practical aspects and application of this error-coding 
technique have been considered in a real-world situation 
involving remote job entry computing terminals. It has 
been shown that significant performance improvements 
can be realized by “hardwired software” capable of im¬ 
plementing a specific generator polynomial for error 
detection. The significant advantages of the polynomial 
code device described are: ill inexpensive ($200 for 
materials, parts, card assembly), (2) generalized I/O 
interfacing to small computers, (3) elimination of costl\ - 
error encoding/detecting software, (4) time-shared capa¬ 
bility between several communication lines, with mini¬ 
mum software, and (5) decreased number of undetected 
errors passed through remote job entry and concentrator 
subs) stems. 

The development of more general-purpose logic for 
implementing any arbitrary generator polynomial ha- 
been initiated. Each PC card will contain four hits of 
the polynomial register. A polynomial register of am 
length may be assembled and hardwired to select Ex¬ 
clusive OR bit positions or not and to select the la-t 
stage of the poh normal register. 
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Abstract 

This paper describes a novel run-length United code, 
termed 3PM. A group of three data bits Is converted Into 
six code bits which are represented by the presence or 
absence of signal transitions. At least two zeros are 
maintained between two consecutive ones, that is a min¬ 
imum distance of three positions between transitions, 
resulting In great reduction of pulse crowding. The 
minimum distance is assured by a unique merging rule at 
the boundary of adjacent code words. This rule distin¬ 
guishes the code from both fixed and variable length 
codes and results In very simple encoding and decoding 
algorithms. An actual 502 density increase has been 
accomplished In saturation recording by using the 3PM 
code In combination with other electronic techniques. 

The new code Is used In a current ISS/Univac high den¬ 
sity disk storage system, featuring 2500 bits/cm (6300 
BPI) linear density, 10 Mbits/sec data rate, 338 MByte 
capacity and one bit In 10 billion raw error rate on 
conventional Mod-11 head/disk interface. 


Desirable Code Properties 

The basic problem of this paper Is Increasing the data 
density in digital magnetic recording without changing 
the*physical parameters, that Is flying height, head 
inductance, oxide thickness and magnetic properties, 
in an existing head medium interface, while maintaining 
the same reliability. The first task is the selection 
of a code that is capable of Increasing the linear bit 
density with the least possible degradation in the ana¬ 
log signal waveform. This means that the new code should 
not aggravate the write conditions, and it should not 
Increase pulse crowding at the higher data density. 

At this point, it is desirable to survey the major para¬ 
meters of some existing codes. The definitions follow 
those of Patel.* A data group, consisting of m data 
bits, is converted into a code group of n code bits. 

The ratio m/n is called the code rate. The code bits of 
a code group, ones and zeros, are recorded by the pre¬ 
sence or absence of magnetization transitions inn uni¬ 
formly spaced positions. Two consecutive ones are sep¬ 
arated by at least d but not more than k zeros so that 
the minimum distance between two consecutive transitions 
is (d+1) positions. This property makes the code run- 
length limited. 2*3 

If the time interval of one data* bit is T sec, the min¬ 
imum and maximum time intervals between transitions are: 
Tmin * (m/n)(d+l)T sec and Tmax * (m/n)(k+l)T sec. The 
efficiency of the code Is measured by the density ratio, 
defined as: 


DR * data density 

max. transition density 


« I™! . Tminr - (£)(d+l) 


where *T is the data bit period and Tminr is the ratio of 
minimum time Interval to the data bit period. The den¬ 
sity ratio expresses the number of data bits per flux 
reversals or transitions, spaced at minimum distance. 
Additional important parameters are the detection win¬ 
dow, W * (m/n) • T and the clock rate, which is the 
reciprocal of the window. The window equals the time 
duration of one code bit or the length of one position. 
The code rate (m/n) is a measure of the relative win¬ 
dow (Wr), l.e., the detection window related to the 
data bit period: Wr * W/T * m/n. 


Many run-1ength-limited codes have been reported and 
analyzed in the past.** 9 The write data waveforms and 
major code parameters of some codes are shown in Figure 
1 and Figure 2 for the same data density. 
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In the write mode in saturation recording, the most 
critical parameter is the maximum flux reversal oensity 
that the head is capable of writing and the medium can 
support. This Is limited by the inductance of the head 
and by pulse crowding, demagnetization and other non¬ 
linear effects of the medium that increase with flux 
density. It Is therefore, desirable to maintain the 
.same flux density in a system, where the head and medium 
cannot be changed. The highest data density will be 
achieved, if a code with the largest Tmin or DR value is 
selected. 

In the read mode, high density ratio is again important 
as will be seen later. It Is equivalent to large Tminr, 
which expresses the fact that pulse crowding is removed 
or limited. The other desirable factor Isa large window 
that results In relative insensitivity to noise. However, 
large window is less efficient in increasing the data 
density than large Tmin. This is illustrated by the GCR 
4/5 code that has a 602 wider window, but reduced Tminr 
value, relative to MFM. It can increase the data density 
over MFM only by 82, as shown in a study by Tamura et 
al. 5 A large value of Tminr is equivalent to a low flux 
density resulting in reduced pulse crowding. Tminr is 
effective In both writing and reading, while the rela¬ 
tive window is effective only in reading. 

The old codes without exception have density ratios less 
than, or at best, equal to one. The 3PM code accomplishes 
502 greater DR than MFM, while maintaining the same win¬ 
dow and the same clock rate. This is due to using three 







positions (d*!) In the Tain distance, while uses 
only two positions (Figure 1). This basic feature of 
the code originated its name; Three-position modulation 
(3PM). In a general sense, there Is a direct evolution 
from double frequency to MFM and then to 3PM. The 
nunbcr of code bit positions In the Turin distance In¬ 
creased from one to two and then to three, while the 
window remained the same. The density ratio Increased 
In proportion to Twin. It Is seen that If the minimum 
transition Interval of an existing MFW recording sys¬ 
tem Is maintained but the code is changed to 3PM, the 
potential exists of Increasing the data density by 502. 
The maximum transition Interval (Tmax) In the 3PM code 
Is considerably longer than In MFM. This requires a 
more tightly controlled phase-locked oscillator that 
Is capable of maintaining accurate clocking over a max¬ 
imum of 12 clock periods. This problem has been solved 
successfully In the window detection of the 3PM code. 

The 3PM code write data waveform has considerable DC- 
content and digital sum variation, as most run-length- 
llmlted codes do. This Is of no concern in writing 
since the write head is DC-coupled. In the read mode 
the question of digital sum variations enters into con¬ 
sideration only if we want to restore the write data 
waveform.10 However, If we reconstruct the read pulses 
by proper spectral shaping to the point that they do 
not interfere, the location of the pulse peaks contain 
the data accurately and conventional peak detection 
can be used. In this process, there Is no need to con¬ 
sider DC-content or DSY of the original write data 
waveform. The optimum spectral shaping Is treated in a 
companion paper, submitted by U.D. Huber. Based on 
his work the following general equation has been de¬ 
rived for the code parameters, when optimum spectral 
shaping, or optimum equalization Is applied to the 
analog waveshape. The relative Importance of the code 
and analog waveshape parameters in the read mode can 
be observed from this relationship: 

Max. data density * (-flux rev. density}* DR * 

• TTBir <;><'»’> ■ WijH **'!'-' 1 • 

■ (SNR^ (DR) 1- *’ Wr q 

Where: K ■ 0.4, q * 0.37 for (d+1) • 2 

q * 0.4 for (d+1) * 3 

v Is the head to medium speed, Tsg is PWgQ, measured 
In time, of the isolated pulse. SNR*,* is the Input sig¬ 
nal to noise ratio at the head, expressed as peak sin¬ 
gle pulse amplitude to RMS noise. The above relation¬ 
ship has been worked out for an error rate (without 

error correction) of one bit In 10 billion and with a 

generous 33X window margin to cover fixed bit shift, 
jitter and circuit tolerances. It Is valid for a range 
of SNR-f between 30 and 34 dB. The second part of the 
equation focuses attention on the analog properties of 
the waveshape. It is seen that density ratio or mini¬ 
mum transition distance is more efficient in Increasing 
the data density than the relative window. The 3PM code 
increases the density ratio by 50X over MFM, while 
leaving the relative window the same. An actual data 
density Increase of 1.56-tlmes was achieved by using 
this code, combined with optimum spectral shaping 
equalization at 31 dB SNRi. Thus, 3PM combines the ad¬ 
vantages in both write ana read through Its Turin * 1.5T 
feature and appears to be the best code to increase 
data density without changing the head/medlua interface. 

3PM Code Algorithm 

A code with properties described above can be Implemen¬ 
ted with a number of different algorithms. The most 
straightforward method is fixed length block coding. 
This, however, is not efficient; requiring large memory 


or complex logic. Variable length codes are much more 
efficient and can be Implemented with less memory. How¬ 
ever, the logical operations in decoding, due to the 
nature of variable length groups that must be handled, 
could be quite complex. Furthermore, special precaution 
must be used against error propagation, which can be 
limited In general to the number of bits in the longest 
word. 

The unique novel algorithm of the 3PM code Is similar to 
fixed length block encoding and decoding with one addi¬ 
tional rule. The algorithm converts three bit data groups 
Into six bit code aroups. The encoding Is explained by 
looking at Figure 1 and Figure 3. The space allowed for 
a word of three data bits Is divided Into six equidistant 
positions: P^ to Pg. The basic encoding table for one 
word Is shown In Figure 3. 


binary 

OATA 

WORD 


n 


TRANSITION 
POSITIONS 
n P) N N N 


O I 0 1 0 0 


10 10 0 


110 0 0 


1 1 


FIGURE X Initial Encoding TabJa 



1 : YES 
0: NO 

X : DON'T CARE 

FIGURE 4. FmW EnccxSng with Margin? 


Minimum two zeros are maintained between adjacent ones. 
The boundary position (Pg) Is occupied by zeros in all 
code words. In a sequence of words, where a one occurs 
at Pg of the present word and also at P] of the follow¬ 
ing word the d«2 condition would be violated. The spe¬ 
cial rule of the 3PM code provides that In this case 
the P 5 transition of the present word and the P] tran¬ 
sition of the following word will not be written In 
their original locations but will be replaced by a sin¬ 
gle transition at P 5 . The two original transitions, P 5 
and P], will be rr^rged into one transition at Pg. The 
Pg position In the initial encoding table is reserved 
for this merging operation. 
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The results of the final encoding, after the merging 
rule has been carried out. Is shown In Figure 4. Here 
all combinations of binary data words of three bits each 
are shown together with the influence of adjacent data 
words. If the preceding word ends In ? 5 f a Pi transition 
of the present word will be shifted to the sixth posi¬ 
tion of the previous word denoted by Ps*. Similarly, if 
the following word starts with Pi, a P 5 transition of 
the present word will be shifted to P$. The result of 
this merging rule Is that any mxnber of octal data words 
can be catenated, while simultaneously maintaining the 
d*2 condition everywhere In the sequence. The encoding 
logic that Implements this rule Is very simple. It has 
to look back to the P 5 position of the previous word 
and look ahead to the P] position of the following word, 
thus dealing with 9 positions slmultaneously. This way, 
the words are chained to one another In a natural way, 
preserving the fixed block length property of the code. 

Decoding is done in a similar manner. The 7 transition 
positions are observed simultaneously. They uniquely 
Identify the binary data word, as shown in Figure 4. 
Decoding, therefore, is state Independent, maintaining 
the advantage of fixed length blocks, that greatly sim¬ 
plifies the logic. The decoded data words are Identified 
by a word clock, derived from a general clock system 
that runs synchronously with the transitions. Error pro¬ 
pagation is limited to a maximum of three data bits (one 
word). This may result from the drop-out or drop-in of 
a single transition, or from one transition shifting by 
one position in detection. This is better than the 
limit of error propagation in variable length codes with 
the same parameters. 

It is interesting to compare the code with the smallest 
fixed-length block code that achieves the run lengths 
of 3PM. To make the comparison as stringent as possible 
consider state-dependent codes where past as well as 
present information may be used in forming each code 
word. By means of a program devised at the Sperry Re¬ 
search Center, it was found that the shortest block 
code with minimum spacing of 1.5 data-bit times and 
rate 0.5 converts each 8 bits of data into 16 bits of 
code.11 Thus, this code requires 12,288 bits of storage 
for its encode/decode tables, or logic sufficient for a 
rather complex 8 -input, 16-output switching circuit. 

With this comparison the simplicity of the 3PM logic 
can be properly appreciated. 

This system has been implemented in a recently released 
ISS/Univac high density disk file, featuring 2500 bits/ 
cm (6300 BPI) data density, 10 Mbits/sec data rate and 
338 MByte capacity on conventional Mod-11 type head disk 
Interface. In a companion paper, A. Geffon discusses 
the complete system implementation. Figure 5 shows the 
analog waveshape of a pattern sequence after equaliza¬ 
tion. It is seen that the pulses are completely sepa¬ 
rated, the Interaction is completely removed by optimum 
spectral shaping. As a result, the pulse peak locations 
are restored to great accuracy. A number of different 
time Intervals between adjacent pulse peaks can be ob¬ 
served which Is characteristic of this code. 

Conclusion 

A new code has been described that uses the same code 
rate as the MFM code, but Increases the minimum distance 
by 505, thereby achieving a density ratio of 1.5 data 
bits per minimum transition distance. The actual achiev¬ 
able data bit density is related to the code parameters 
and signal to noise ratio in general terms. The new code 
has been implemented in a commercial digital recording 
disk file and reliably accomplished 565 Increase In bit 
density with the same head/disk Interface, used by an 
earlier model with MFM code. 
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The purpose of this memo is to summarize the results obtained from an 
experimental breadboard of a 2 ,7 encoder/decoder circuit, for possible 
application to future Memorex disk files. 

Schematics 1 for the breadboard were provided to Tony Yung and Hoover 
Kwok at three stages in the development process - original design level, 
original breadboard build level, and functional breadboard level (after 
debug). The functional breadboard schematics were provided on May 28, 
1980, after the results described in this memo were obtained. 



TEST CIRCUIT 


The test circuit consisted of essentially those functions described in the 
block diagram on the following page. 


The on-board test oscillator provided a 2F frequency of approximately 
25MHZ. While this frequency is slightly lower than the IBM 3370 rate, 
it should be close enough for the purposes of this demonstration. Also, 
using the MECL 10K logic family, much higher switching rates should be 
attainable without major problems. 

(Futhermore, it is expected that timing changes would be necessary anyway 
to integrate the circuits into a disk controller. This tends to reduce 
the value of detailed timing analyses on an isolated board.) 


The main purposes, therefore, of the breadboard were to establish: , 

1) A working MECL 10K prototype which would encode and decode all 
words in the Franaszek 2,7 code dictionary• 2,3 

2) A simple, reliable decoder phasing technique for read-back. 

3) A potential scheme for generating system timing pulses for the 
associated disk controller. 
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RESULTS 
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The following chart describes the 2,7 code dictionary: 


DATA WORD CODE WORD 


CODE WORD BY DETENT ASSIGNMENT 

1 0 

0 10 

Ti - 0 10 0 

Ste - 1 0 0 1 0 0 
Kare 0010010 


0 Tj 

To 0 

0 0 

0 Ti 

0 0 

0 0 10 

0 

0 0 

To 0 

0 T x 0 0 

1 1 

Oil 

10 0 0 

T/s t}„_ 0 0 1 0 0 0 

d!L -*-0000100 
Kaie 000100 


To 0 

0 0 

0 0 
To 0 

0 0 

0 0 11 

0 

0 0 

0 0 

To 0 0 0 

0 0 0 


0 0 

0 Tj 

0 0 

A ”1" in 

the code word represents a flux transition 

recorded on, or read 


back from, the disk surface. Since it is a 1/2 rate code, there are two 
possible detent assignments, which are arbitrarily labelled To and Tj. 

In the photographs of figures 5 and 6, an encoded data pulse which aligns 
with Clock B represents a 1, or transition, in the To detent. An encoded 
data pulse which is in the space between Clock B pulses represents a 1, 
or transition, in the Tj detent. 


Since the breadboard circuits were capable of repeatedly serializing a 
byte of data (applied by manual switches), the test patterns selected 
were combinations of either two or three 2,7 words which had their 
word boundaries at the data byte boundary. The results are shown in 
figures 1 through 4. (Note that this by no means exhausts all the 
possible permutations of 2,7 words, but is a reliable indication that 
the hardware's encode/decode algorithm works. It may still be possible 
to have data-dependent timing problems.) 

Figure 5 shows the generation of the highest rep rate pattern of 2,7 
encoded data in relation to the B Clock. This is obtained during the 
time that the word 010 is being repeatedly encoded. 

Figure 6 shows the lowest possible rep rate, obtainable by encoding the 
word 0011 repeatedly. 

Figures 7 through 10 illustrate the results of the decoder phasing 
technique. The test sequence was as follows: 

1) Circuits are repeatedly encoding and decoding a byte of l's. 

(fig. 7) 

2) A one-detent (1/2 bit time) delay is introduced into the 
undecoded data stream. Note new timing relationship between 

- BIT TIME 0 ( scope trace 1) and - EE CODER A*0 GATE OUT (trace 3) , 
in fig. 8, as compared to figure 7. This results in erroneously 
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decoding a stream of ones as alternate ones and zeroes. This is in 
accordance with the 2,7 dictionary: 

DATA WORD CODE WORD 

10 0 10 0 

11 10 0 0 

To Detent—^ "E-Tj Detent 

3) In figure 9, the decoder phasing has been momentarily enabled, and 
then disabled, which causes the decoder to decode a stream of one’s 
again (even though the undecoded data stream is now arriving at the 
decoder one detent time later). 

4) In figure 10, the one detent delay has been removed, and the decoder 
again erroneously decodes alternate ones and zeroes, (since the 
decoder phasing was disabled), even though the undecoded data stream 
now arrives at the time it originally did. 

This decoder phasing technique is the subject of a Memorex invention 
disclosure which is now being written. I recommend it as being simpler, 
and more reliable then the method used in the IBM 3370 4 , since it 
requires no adjustment to the system clocks. 

Figures 11 through 15 illustrate the timing relationships of the bread¬ 
board clocking system. Note that for 2F = 29 to 30 KHZ, the ABCD Clock 
pulses derived will only be about 17 nanoseconds in width. At higher 
data rates, to obtain greater margin for setting latches, the signals 
± IF and ± 1FD could be used instead of the ABCD Clocks. The IF and 
1FD pulses will be twice as wide. 

COMMENTS RELATED TO SCHEMATICS (PAGE TS30) 


In figure 14, timing margins can be improved by inserting more delay 
between the 2F input and the clock input to the IF and 1FD - generating 
flip flops. This,of course, will affect all the downstream system 
timing. 

In figure 15, note that the equivalent of Clock D (pin 8D-13, page TS30) 
is used to drive the bit counter. The bit times are generated by means 
of a 3-bit Gray code counter and a 3-to-8 bit decoder. 

The 3-to-8 decoder is disabled by the same pulse which triggers the counter. 
The "dead time" between bits may be eliminated by keeping the 3:8 decoder 
enabled at all times. Since it is a Gray code counter, the decoder output 
bits should be glitch-free. 
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ADDITIONAL COMMENTS 

The 10141 shift register module type’ used in the breadboard is not 
a standard Memorex part. The 10141 seemed much more noise-prone than 
the other 10K modules. The worst noise was present on pin 1, 
particularly at the 2F shifting frequency. This was resolved by ensur¬ 
ing that the VCC pins (pins 1 and 16) were tied directly to the ground 
plane by a via-hole, or with heavy guage wire, rather than just connect¬ 
ing pins 1 and 16 together with light gauge wire. 



The breadboard also contained hardware for generating the high-rep-rate 
2,7 encoded pattern by means of a 3 bit shift register. This circuit 
was not tested, but should be very easy to implement. This method (or 
some equally trivial technique) is recommended instead of the six bit 
data loop used in the IBM 3370 5 , since it would be simpler, more reliable, 
and avoid patent infringement. 
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